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FOREWORD 


The University of Calcutta, established on January 24, 1857, is devoted to 
advancement of learning and is presently celebrating its Postcentenary Golden Jubilee. 
The Department of Applied Physics was established in 1925 as a Department of the 
University for the purpose of carrying out post graduate studies and research in Electrical 
Technology and allied Sciences. Since then-it has produced a number of eminent teachers 
and pioneer technologists of national and international fame. 


This Department organizes various types of academic activities in order to 
unravel new technologies before professionals and students throughout the year. The 
present Conference is an example. To address some critical issues in the areas of Control 
and Instrumentation, the Department resolved to take a venture in a broader spectrum in 
which they could obtain the association of AMSE, International Association for 
Modeling and Simulation Technique in Enterprise, France, a leading professional body 
engaged in dissemination of technology throughout the globe. 


With the fast changing and compctitive global industrial environment, engineers 
in the power and process sectors are confronted with unprecedented uncertainty in 
efficient operation of an industry. Unification of control technologies and restructuring 
and ‘deregulation of power sectors have made things more complicated. Control and 
instrumentation constitute the lifeline of an industry and it is the use of state-of-the-art- 
technology in these matters that can eradicate this uncertainty. 
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Embedded systems technology has attempted to add to modern control and 
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instrumentation techniques a new dimension. This technology, as a concept and in its 
numerous technological incarnations, is arguably one of the most influential 
transformations which have shaped our society in the recent past. No one can deny that it 
is gaining its relevance in every sphere of life. Rapid advances in computer and 
communication technologies have bolstered it. It is thus natural for the Department of 
Applied Physics to wish to explore the extent and diversity of developments in these 
technological arenas. 


To achieve this goal the Department has, in association with AMSE: International 
Association for Modeling and Simulation Technique in Enterprise, France, planned to 
organize this Three-Day International Conference on "Modeling And Simulation" with 
the theme "Control, Instrumentation, Embedded System Engineering and General 
Applications" during 3-5 December, 2007 at Kolkata, India. The Conference will explore 
the deep-rooted linkages between existing and emerging concerns faced by the engineers 
in these and related fields. It will try to develop appropriate strategics and decision 
making tools and create awareness of the best practices in the fields of technology, 
management and general applications. 


The Conference Proceedings, containing rich contributions from eminent experts 

in the relevant fields, aims at giving ample opportunity to the scientists, academicians, 

_ technologists and engineers to take stock of technological advancements in relevant 
areas, understand future trends and deliberate on other related issues of technical and 


social consequences. 


I wish the Conference all success and I am confident that the Proceedings will be 
a lasting contribution to knowledge. 


A Ke aa eT oe 


Asis Kumar Banerjee 


PREFACE © 


With the advent of modern technologies, industries are having recourse to newer processes for 
efficient and zero breakdown running of a plant. On the other hand, power sector with its restructured 
environment has also started utilizing the advancement of technology in the different aspects of power and 
energy sectors. Control and instrumentation are the life lines of efficient operation of a plant or a system. 
Embedded systems technology combined with advanced computer and communication technologies has 
enriched modern contro! and instrumentation techniques. It is thus necessary to explore the extent and 
diversity of development in these technological arenas. 

To discuss the rapid developments in the areas of control, instrumentation and embedded system 
- engineering, Department of Applied Physics, University of Calcutta, India in association with AMSE, 
France and co-organised by IET, Calcutta Branch is going to organize an international conference on 
December 3-5, 2007 where speakers from all over India and abroad will present their original research 
works. 

183 research papers, authored by eminent engineers, scientists, technologists and research workers, 
screened out from about 330 submissions, are included in this proceedings. Nine Invited Speeches, 
delivered by eminent national and international speakers, have also been included. All the papers and the 
invited speeches. will be presented in 24 technical sessions and three plenary sessions. It should be 
mentioned that a number of good submissions could not be included due to space and time constrains for 
which the organizers apologize. The areas covered are, 

a Control Theory 
Monitoring and control of power system components 
Process control and instrumentation 
Power Quality, HVDC and FACTS Technology 
Modern Protection, Instrumentation and Control 
Electro-optic Devices and Optical Communication 
Transmission and Distribution System Automation 
Application of Artificial Intelligence, Neural Network and Fuzzy Control Techniques 
Power Electronics and Drives 
Power System Dynamics, Control and Optimization 
Electric Power Market, Deregulation and restructuring 
Power System Modeling and Simulation 
Wind Power and Other Renewable Power, DG and Interconnection 
Modern Communication for Metering, Control and Protection 
Neural networks and Genetic Algorithms 
Embedded system engineering and Expert systems 
Pattern recognition and image processing 
Knowledge based decision systems 
Application for economy, finance, sociology, medicine and others 
General application of Modeling and Simulation; Case studies and Experimental results 


The organizers have taken all efforts to make the proceedings error free. But still some errors might 
have crept in for which they apologize in anticipation. It is hoped that the readers will enjoy these volumes. 
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Abstract: Trains are uniquely susceptible to collision because of 
running on fixed rails, they are not capable of avoiding a collision 
by steering away, as a road vehicle; furthermore, trains cannot 
decelerate rapidly, and are frequently operating at high speeds 
whereby the train cannot be stopped instantly to avoid collision 
with it. Whenever there is a mix up in the discharge of signals by 
the crew in the base, it becomes rather difficult for the tram crew 
to take control of the train at desire consequences, In order to 
avoid such mishaps this project deals with the control of the 
locomotive from the base itself and that too with the help of 
personal computer(PC). A program was written in ‘C’, With the 
help of an interfacing circuit and control circuit the locomotive is 
coutrolled from the base itself. The functions include 1.Start 2. 
Stop 3.Forward 4.Reverse 5. Speed control 


Key words-— Electric locomotive , Electronic control circuit 
„Personnel computer „Interfacing circuit 


I. INTRODUCTION 


To project deals with the control of locomotive with the 
help of PC. The loco is controlled with the help of control 
circuit, which is interfaced with the personal computer. It has 


the functions of start, stop, forward, reverse, base speed, low , 


speed, and medium speed..There is two-way control one with 
personal computer and the other manually. 


Block Diagram of the Project 





II. BLOCKS IN THE PROJECT 


C Block: We have come along way since the early days of 

computers, when ENIAC known as the first generation of 
computers was the state of the art occupies thousands of feet of 
floor space. Constructed largely of vacuum tubes, it was slow, 
prone to breakdown, and performed a limited number of 
instructions. When the transistor was invented, computers 
shrank in size and increased in power, leading to the second 
generation of computers. Third generation computers came 
about with the invention of the integrated circuits, which 
allowed hundreds of transistors to be packed on a small piece 
of silicon. LSI technology has created the fourth generation of 


computers that we use today. 
Interfacing 
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When the signal from the pe block reaches to opto-coupler the 
LED in the opto-coupler gets turned into ON state and this 
emits the light which switches the Darlington pair which is 
also in the opto-coupler ON thus providing the path for the 
supply to reach the electromagnetic switch or relays that it 
gives signal to the control circuit. When the signal is turned 
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OFF from the D connector the transistors are switched into off 
state and the relay gets deactivated and again there is no signal 
to the control circuit 

Control Circuit Block 


ey |B Lyi) | 


The control circuit block is connected to the motor which 
when receives signals from the interfacing circuit starts 
working and according to the NAND gates and timer 
operations is used to start, stop, move the motor in reverse and 
forward direction. This also requires voltage of 12V. 
Signaling Systems 

Signaling is one of the most important parts of the many 
which make up a railway system. Train movement safety 
depends on it and the control and management of trains 
depends on them. Over the years many signaling and train 


control systems have been evolved so that today a highly | 


technical and complex industry has developed. Here is an 
attempt to explain, how we can control the locomotive with the 
help of computer. Railway signaling is a system used on 
railways to control traffic safely, for example, to prevent trains 
from colliding. Most forms of train control involve messages 
being passed from those in charge of the rail network or 
portions of it (e.g., a stationmaster) to the crew; these are 
known as ‘signals’. 
Time Table Operation 

The simplest form of operation, in terms of equipment at least, 
is operation according to a timetable. Everything is laid down 
in advance and every train crew knows the timetable. Trains 
can only operate in pre-arranged time periods, during which 
they have ‘possession’ of the track and no other train can 
operate. When trains are operating in opposing directions on a 
single-line railroad meets are scheduled, where each train must 
wait for the other at a point they can pass. Neither is permitted 
to move until the other has arrived. The timetable system has 
several disadvantages. The first is that there is no positive 
confirmation that the tracks ahead clear; only that it should be 
clear. This system does not allow for breakdowns and other 
such problems. The second problem is the timetable system’s 
inflexibility; trains cannot be added or delayed; trains cannot 
be rescheduled. 

Block Systems: In the very early days of railways, on a double- 
tracked railway lines, where trains traveled in one direction on 
the same stretch of track, a means was needed to space out the 
trains to ensure that they did not collide. In the early days of 
railways, men were employed to stand next to the line at 
certain intervals with a stop watch. If a train had passed the 
man a short while ago, the following train was expected to 
slow down or to stop to allow sufficient space to develop 


between the trains, to prevent a collision. The system was 
flawed, however, as the watchman had no way of knowing 
whether the preceding train had cleared the tracks ahead. And 
so, if the preceding train broke down or stopped for some 
reason, the following train would have no way of knowing, and 
collide with it rear-on. Accidents of this type were common in 
the early days of railways. 





When a track signal block is occupied, the signal which the 
train has just passed automatically turns from green (yellow) to 
red, the signal behind that one automatically turns yellow to 
warn following trains of the red signal, and the signals behind 
that one can show green. If any train is following behind, the 
yellow signal will warn it to slow down in order to stop at the 
next signal. If, however, the train in front has passed into the 
next block, the following train and clears two blocks; the 
following train will come across a green signal 
l Interfacing Circuit 

The circuit shown in figure below is used to control a single 
electrical appliance through parallel port of a personal 
computer. It consists of an opto coupler I.C. which totally 
isolates the load and the parallel port of the computer and also 
drives the relay which operates on a different voltage level of 
12V D.C. Where as the output from parallel port is 5V or OV 





Control Circuit 
Using this circuit, you can control the rotation of a DC micro 
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motor simply by pressing two  push-to-on switches 


momentarily. The circuit is built around two NE555 ICs (C1 
and IC2) and a quad-NAND IC CD4011 (comprising NAND 
gates NI through N4). The NE555 Ics (C1 and IC2) are 
configured as “inverting buffers. IC CD4011 dC3) NAND 
gates are configured as bistable flip-flop. 





The DC motor to be controlled is connected between the 
outputs (pin 3) of IC] and IC2.Closing switch S5 provides 
power to the circuit. Now when you press switch SI 
momentarily, pin 10 of IC3 goes high, while its pin 11 goes 
low. Since pin 10 of IC3 is connected to reset pin 4 of IC! and 
IC2, the high output at pin 10 of IC3 will enable IC1 and IC2 
simultaneously. When switch S2 is pressed, pin 10 of IC3 goes 
low, while its pin 11 goes high. The low logic at pin 10 
disables both IC] and IC2.Switches $3 and S4 are used for 
forward and reverse motion of the motor in conjunction with 
switch S1. If you press switch S3 after pressing switch S1, pin 
3 of IC3 goes high, while its pin 4 goes low. The motor now 
Starts rotating in the forward direction. However, if you press 
switch S4 after pressing switch S1, the motor will rotate in 
reverse direction. 

Parallel Port 

PC parallel port can be very useful I/O channel for 
connecting your own circuits to PC. The PC's parallel port can 
be used to perform some very amusing hardware interfacing 
experiments. The port is very easy to use when you first 
understand some basic tricks. This document tries to show 
those tricks in easy to understand way. The Parallel Port is the 
most commonly used port for interfacing home made projects. 
This port will allow the input of up to 9 bits or the output of 12 
bits at any one given time, thus requiring minimal external 
circuitry to implement many simpler tasks. The port is 
composed of 4 control lines, 5 status lines and 8 data lines. It's 


found commonly on the back of your PC as a D-Type 25 Pin 
female connector. [4] 

Hardware Properties 
Below is a table of the "Pin Outs" of the D-Type 25 Pin 
connector. D-Type 25 Pin ome 
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The above table uses “n” in front of the signal name to 
denote that the signal is active low. e.g. nError. If the printer 
has occurred an error then this line is low. This line normally 
is high, should the printer be functioning correctly. The 
“Hardware Inverted" means the signal is inverted by the 
Parallel card's hardware. Such an example is the busy line. If 
+5v (Logic 1) was applied to this pin and the status register 
read, it would return back a 0 in Bit 7 of the Status register.. 
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Port Addresses 

The Parallel Port has three commonly used base addresses. 
These are listed in table below. The 3BCh base address was 
originally introduced used for Parallel Ports on early Video 
Cards. This address then disappeared for a while, when 
Parallel Ports were later removed from Video Cards. They has 
now reappeared as an option for Parallel Ports integrated onto 
motherboards, upon which their configuration can be changed 
using BIOS. 

LPT I is normally assigned base address 378h, while LPT2 
is assigned 278h. However this may not always is the case as 
explained later, 378h & 278h have always been commonly 
used for Parallel Ports. The lower case h denotes that it is in 
hexadecimal. These addresses may change from machine to 
machine. PC parallel port is 25-pin D-shaped female connector 
in the back of the computer. It is normally used for connecting 
computer to printer, but many other types of hardware for that 
port are available today. Not all 25 are needed always. Usually 
it can be done with only 8 output pins (data lines) and signal 
ground. Those output pins are adequate for many purposes. 

Opto-Coupler 

There are many situations where signals and data need to be 
transferred from one subsystem to another within a piece of 
electronics equipment, or from one piece of equipment to 
another, without making a direct ohmic electrical connection 
because the source and destination are at different voltages 
levels, which is operating from 3v Dec but being used to control 
a triac, which is switching 240V AC. In such situations the link 
between the two must be an isolated one, to protect the 
microprocessor from over voltage damage We have used 
multisim software to sumulate the contro! circuit. Here we can 
see that the green led is on which indicates that the motor has 
started and the orange led shows that it ıs moving in the 
forward direction, which is further supported by the voltage 
appearing in the voltmeter, which is 12 volts There are many 
things that Multisım just does better than most schematic 
capture and simulation packages. Ease of use - it’s one of the 
most important features. Together with exceptional value, this 
is why Design Bar, which gives you shortcuts to the logical 
steps of the entire design flow, to our intuitive, modeless 
schematic captures and immediate simulation results. 

Design Bar 

Like all the other toolbars in Multisim, the Design Bar can 
be resized and docked anywhere. By default, it’s found near 
the top-middle of the screen. The first button of the Design Bar 
shows and hides the Component Toolbar, which is initially 
shown and docked to the left, and is made up of a series of 
intuitively organized Parts Bins. 

Placing a Component 

Here’s where ease-of-use shows up next. To place a 
component on the circuit window, click or roll your mouse 
over a Parts Bin in the Component Toolbar. Clicking the 
second button down opens the component window & select the 
required component. 
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Spice simulation of Hard ware circuit 

Advantages:|.The time of switching action is less. 2.The 
Program is a Command User Interface, but a common man 
can also use this without any difficulty. 3.The Circuit is very 
simple, fault identification and rectification is easy, it is a 
matter of replacing the malfunctioning IC. 4.The ICs used in 
this circuit are easily available in the local markets. 5.The 
circuit doesn’t require any separate casing; it can be easily 
assembled inside the locomotive. The circuit is assembled and 
connected to a parallel port of the personal Computer 


HI .LHARDWARE IMPLEMENTATION OF THE PROJECT 


Hardware part of this project is implemented and tested in the 
placed and found aut its working very well. 
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IV ALGORITHM 
The following algorithm is used for realizing this project in the 
laboratory. ! 
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V..CONCLUSION 


The circuit is assembled and connected to a parallel port of the 
personal Computer On executing the application program the 
required the require function is executed which maybe start, 
stop, forward, reverse, base speed, low speed, medium speed. 
This is a basic approach in the developing many flexible, user 
friendly, and fast acting system, which can be used for 
controlling the locomotive from the base itself. This project 
can be implemented in any base as it can control the movement 


of locomotive whenever required. The way to extend the- 


project is to place a camera on the loco, which gives us the 
total view of the track ahead, which helps us, all the more in 
controlling the loco from the base itself. 
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Abstract—-United states and international standards for 
Electromagnetic Interference (EMI) and Radio Frequency 
Interference (RFI) have been established which requires the 
manufacture of electronic equipment to minimize the radiated 
and conducted interference of their equipment to acceptable 
levels. In the United States the guiding document is the FCC 
Docket 20780 “!, while internationally the West Germany 
Verband Deutscher Elecktronotechniker (VDE) safety standards 
have been widely accepted. It is very important to understand 
that both the FCC © and VDE " standards exclude 
subassemblies from compliance to the rules; rather, the final 
equipment, where the switching power supply is used, must 
comply with the EMI-RFI specification. Rightly so, since even if 
the switching power supply has an input filter, this filter is 
matched to the power supply when passive loads are powered, 
and its characteristics and suppression capabilities may 
drastically change when used to power active electronic circuits. 
This is an attempt made by the authors to introduce the reader to 
the conducted RFI problem and give some suggestions for 
minimizing it, whether it is applied in a power supply unit (e.g. 
SMPS) or a high frequency inverter operated induction-heating 
equipment. 

Key words—-EMI, RFI, FCC, VDE, Nigh frequency switching, 
LC Filter, 


I. INTRODUCTION 


MI and RFI are created whenever there are spikes in 

electronic signals. These interferences occur in almost all 
types of electronic circuits having sharp rising and falling 
edges in current and voltage waveforms. In switching power 
supplies, the MOSFET switches will create these EMI or RFI 
noises. These should be filtered to comply with the Federal 
Communications Commission (FCC) and CE requirements and 
also to prevent interference in proper functioning of different 
electronic circuits. Common mode line filters are used to block 
these noises on the power lines. The international] standards for 


EMI-RFI have been well established. The manufactures of 
electronic equipment ale asked to minimize the radiated and 
conducted interference of their equipment to acceptable levels. 
An attempt has been made by the researcher to introduce here 
the problem of conducted RFI and then to put forward some 
means for minimization when applied for a power supply or 
for a final system of radio-frequency mirror inverter scheduled 
to supply induction heating equipment. 

Both FCC and VDE are concerned with the suppression of 
RFI generated by equipment connected to the a.c. mains and, 
mend for high-frequency digital circuitry. The VDE has 
subdivided its R&I regulations into two categories, the first 
being unintentional high frequency generation by equipment 
with rated frequencies from 0 to J OkHz., i.e., VDE -0875 and 
VDE-0879, and the second deals with intentional high 
frequency gencration by équipment for frequencies above 
1OkHz.., 1.e., VDEO871 and VDE0872. The FCC on the other 
hand includes in its RFI regulations all electronic devices and 
systems which generate and use timing signals or pulse at a 
rate greater than 10kHz. Fig.l summarizes the RFI 
requirements for FCC and VDE. The EMI-RFI regulations of 
FCC closely follow those of the VDE. The FCC class-A 
specification covers business, commercial and industrial 
environment. Compliance to the specified EMI emission in 
dB-uV can be met by any equipment meeting VDE-0875/N "! 
or VDE-0871/A.C ”!. On the other hand, FCC class-B 
requirements cover residential environment and are more 
stringent than those of class-A. Both FCC conducted EMI-RFI 
specifications, however, cover the frequency range from 
450kHz to 30MHz. The VDE regulations extend below 
450kHz range. In fact the VDE frequency range for EMI-RFI 
conducted emission covers a spectrum from 10kHz to 30MHz. 
Fig. 2 shows the FCC and VDE curves for conducted RFI 
emissions. 
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Fig. 1 : Summary of EMI-RFI requirements of FCC and VDE 

Although the prescribed circuits will suppress the generated 
RFI to acceptable levels, yet it is important to understand that 
if the packaging or layouts of the power supply changes then 
even the assigned filter may not work properly. To elaborate 
on this claim let us consider a power transistor or a power 
rectifier handling high-frequency. Let it be directly mounted 
on the chassis of the power supply with only a mica insulator 
in between the two, and if the chassis is connected to the ac 
ground conductor, the generated RF-noise will be coupled to 
the ground conductor thus upset the effectiveness of the 
particular mains filter. It has been shown that a TO-3 switching 
transistor working at 20kHz, with a 200V input and mounted 
on a ground heat sink through a mica insulator, will generate 
an RF-current of imA at IMHZz. A solution to the above 
problem is to sandwich a metal shield in between the heat sink 
and insulator and to return the shield to the de ground. This 
technique effectively “shorts out” the capacitance created by 
the mica insulator and thereby reduces the radio frequency 
noise currents. Power supply and system layouts are very 
important in reducing or eliminating RFI-EMI problems. The 
designer should take care in analyzing all potential problems 
before choosing the appropriate line filter. 


I]. RFI SOURCES IN SWITCHING POWER SUPPLIES 


Every switching power supply is a source of RFI generation 
because of the very fast rise and fall times of current and 
voltage inherent in all converter operations. The main sources 
of switching noise are the switching transistors, the main 
rectifier, the output diodes, the protective diodes for transistors 
and of course the control unit itself. Now, depending upon the 
topology of the converter used, the RFI noise at the mains 
input may move from bad to worse levels. Fly back converters, 
which by design have a triangular input current waveforms, 
generate less conducted RFI noise than converters with 


rectangular input current waveforms such as feed-forward or 
bridge converters. Fourier analysis shows that the amplitude of 
the high frequency harmonics of a triangular current waveform 
drop at a rate of 40dB/decade as compared to a 20dB/decade 
drop for a comparable rectangular current waveform. 


ff. PERMISSIBLE RFI EMISSION 


The challenge of packaging electronic hardware to ensure 
electromagnetic compatibility (EMC) is becoming increasingly 
difficult. In U.S., the governing standard for regulating the 
containment of emissions is given by FCC Part 15, class-A and 
B. These FCC classes establish the levels of EMI containment 
permissible for various types of electronic equipment and 
these are expressed in allowable dB across a range of 
frequencies. An FCC class-A certification on radiation limits 
of digital devices is for business use while the class-B is for 
residential use. The class-B stipulation is more stringent in 
order to avoid interference with TV and other home reception 
systems. These stipulations are meant to put a limit on the 
amount of radiated emissions from electronic gadgets such as 
radios, televisions, ATM machines, radar equipment and other 
such devices. 

The FCC class-B ts generally meant for areas where 
emissions must be kept low like near an airport, hospitals and 
residential areas and also other places where it is more 
stringent on the level of allowed radiated emissions. In recent 
times EMC has taken on greater importance with the 
increasing use of electronics in security related applications. 





001 01 10 10 109 
Frequency in MHs 


Fig. 2 : FCC and VDE regulation curves showing maximum 
permissible RFI-emission in dB- V on conducted noise 


EMC is of critical concern since its application provides 
network security. One can imagine the importance of 
preventing interference in network security applications. With 
too much interference the signal integrity may be impaired 
leading to breakdown of security system. The case study 
illustrates the various areas of concern and the modifications 
employed to ensure class-B compliance. Fig. 2 shows the 
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maximum possible RFI emission on conducted noise. 


IV. AC INPUT LINE FILTER FOR RFI SUPPRESSION 


The most common method of noise suppression at the 
Switching power supply ac mains is the utilization of an LC 
filter for differential and common mode RFI suppression. 
Normally a coupled inductor is inserted in series with each ac 
line. while capacitors are placed between the lines, called X- 
capacitor (C,) and between each line and the ground 
conductor, called Y-capacitor (C,). The values of the 
capacitance and inductance may be within the following range 
for most of the suppressing systems. 


Cx = 0.1 to 2uF 
Cy = 2200pF to 0.033 uF 
L= |.8mH at 25A to 47mH at 0.3A 


Fig. 3(a) depicts an input a.c. line filter for a standard 
switching power supply. During the selection of filter 
components it is important to ensure that the resonant 
frequency of the input filter is lower than the working 
frequency of the power supply. On the other hand, filtering 
conducted noise becomes much easier as the working 
frequency of the power supply is increased. The resistor R 
across the ac line of the filter is a discharge resistor for the X- 
capacitor. Its employment is recommended by the safety 
specifications of the VDE-0806 and IEC-380. In fact IEC-380 
states that if the RFI X-capacitor is above 0.iuf, a discharge 
resistor of the following value is required in the circuit. 

R = t/( 2.21 C) 

where, t = Isec. and C is the sum of the X-capacitors in HF. 
Further reduction of the symmetrical and asymmetrical 
interference voltages can be accomplished by the insertion of 
an extra line choke L; as shown in fig. 3(b) but this in turn 
causes a reduction in the charging current of X-capacitors. Fig. 
3(c) $ é & 10 11 and fig. 3(d) © 7 depict standard radio- 
frequency mirror inverter circuits which are used for induction 
heating for industrial and domestic equipment respectively. 
Both these inverter circuits take a.c. power either through the 
line filter circuit of fig. 3(a) or through the line filter circuit of 
fig. 3(b). 





Fig. 3(a) : An input ac line filter of mirror-inverter power 
supply for RFI noise suppression using one line choke 
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Fig. 3(c) Radio-frequency mirror-inverter circuit for 
industrial application l 





cuen switching 
Radio-frequency mirror-inverter circuit for 
domestic application 


Fig. 3(d) 


V. CONCLUSION 


Although the described circuits will suppress the generated 
RFI to acceptable levels, it is important to understand that if 
the power supplies packaging or layout changes, a certain filter 
may or may not work properly. To elaborate on this claim, if 
power transistor or power rectifier which uses high frequency 
waveform is directly mounted on the chassis of the power 
supply, with only a mica insulator between the two, and if the 
chassis is connected to the ac ground conductor, generated RF 
noise will be coupled into the ground conductor, thus upsetting 
the effectiveness of the particular mains filter. It has been 
shown that a TO-3 switching transistor working at 20khz with 
a 200v Input, mounted on a ground heat sink through a mica 
insulator, will generate an RF current of |!mA at 1 MHz. A 
solution is to sandwich a metal shield between the insulator 
and to return the shield to the de ground. This technique 
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effectively “shorts out” the capacitor created by the mica 

insulator, reducing RF noise currents. Power supply and ù 
systems layout are very important in reducing or eliminating 

RFI-EMI problems. The designer should take care in analyzing 

all potentials problems before the proper line filter is chosen. 
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Abstract—-Induction cooking appliance range is a very 
practical device and can be used for any cooking application. It 
cooks food in a safer and more energy-efficient manner. 
Protecting the world’s environment and conserving resources are 
of major concern today and the induction cooking sappliaace 
range is probably the most environment friendly cooking device 
compare to other available cooking device in the market. It 
releases no fumes or chemicals into the alr and uses no 
irreplaceable fossil fuels. Several variables have been considered 
to determine the amount of heat energy required for a specific 
application like the degree of temperature change required, the 
mass, the specific heat and the coupling efficlency of the coil 
design. The paper outlines the testing of the equivalent model 
using Pspice simulation. ; 


Key words— Pspice, Resonant, soft switching, duty ratio, 
IGBTs, Litz wire. 


I. INTRODUCTION 


UCTION cooking appliance range is one of the 
pplications of induction heating. The induction cooking 
appliance range, while not yet a part of most households, 
becoming increasingly acceptable as a useful, energy-efficient 
method of preparing food, It is designed to replace ordinary 
stove-plates (Fig.la & 1b). The induction cooking appliance 
ranges are available in a variety of forms, from full-sized four- 
hob ranges to portable one-hob hot plates. The conventional 
electric hot plates are very popular with catering businesses, 
as they are much cheaper and safer to operate than comparable 
butane units. They cook food quickly, arc casy to usc and are 
easy to clean. Induction cooking appliance ranges can be used 
with any type of food. 


Table — 1 shows that an induction cooking appliance range 
is a highly efficient device and cut down the power bills 
drastically, Other tests show that induction cooking is faster 


than using gas, halogen or a microwave oven. Although 
microwave ovens offer almost same overall efficiency with 
induction cooker, but it does not maintain the Indian style of 
cooking (frying food material with vegetable oil). The 
induction cooking appliance range more expensive than 
electric or gas hotplates but less expensive than microwave 
oven. 


TABLE ~1I: EFFICIENCY OF VARIOUS COOKING 
SYSTEMS 
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I]. REQUIREMENT OF COMPONENTS FOR 
INDUCTION-EFFICIENT PAN 


> 18/10 stainless steel is non-reactive to food and 
easy to clean, 

> 18/10 stainless stcel is used for superior bond, 

> Magnetic stainless steel is used for efficient 
induction, 

> 18/10 stainless steel resists pitting and rusting, 

>» Teflon made platform is used for cooking range 
because it passcs maximum magnetic flux as well 
as withstand high temperature. 
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Fig. 1 (b): Diagram ofan induction cooking appliance 
range 


uL BASIC ASPECTS 


A. Working principle of induction cooking appliance range 


Each hob contains one or more coils made up of ferro- 
magnetic material. When an alternating current is passed 
through these coils, a magnetic field of the same frequency is 
produced. If a magnetic material based pan is placed on the 
hob, the magnetic field induces a current in the pan. The 
internal resistance of the pan causes heat to be dissipated, 
following the Joule effect. Thus it is the pan itself and not the 
cooker that heats up and cooks the food. Once the pan is 
removed from the cooker, the energy transfer stops. The result 
is a flameless method of cooking in which it is almost 
impossible to start a fire by forgetting to turn off the stove. 
Since there is no transfer of heat energy between the hob and 
the pan, the heat transfer takes place from the pan to the food 
and thus less heat is lost into the air, resulting in a more 
efficient means of cooking. 


B. Practical induction cooking appliance range 


The switching frequency may be varied between 20 kHz to 
50 kHz, as this is the frequency range of practical induction 
cooking appliance ranges. Frequencies should be ultrasonic 
but not high enough to produce communication interference. 
An accurate design of the induction coil is necessary for 
induction cooking appliance ranges in respect of both the 
inductance and resistance of the coil. Since the practice in 
induction cooking appliance ranges is to place a ferrite disc 
underneath the coil, as shown in Fig. 2(b), the inductance and 
ac resistance of the heat-coi] must be calculated by taking the 
presence of both the ferrite disc and the work piece into 
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account. 

{a} Material characteristics of cooking pan, (b) Size & 
shape of cooking pan and (c) Positioning on coil of cooking 
pan are the key factors for the work piece. 

(a) Power output, (b) Frequency and (c) Utility 
requirements are the key factors for power supply. 

(a) Diameter, (b) Shape and (c) Number of turns are the key 
factors for induction coil. 


IV. CIRCUIT DESCRIPTION AND OPERATION 


Two IGBTs with internal anti-parallel diodes are mounted in 
the same module. In order to minimize the reactive loading, 
series and parallel compensating capacitors are used in the 
output circuit. An isolated gate drive is needed, but only a 
small isolation transformer will serve the purpose due to 50% 
duty ratio, A spiral heating coil made up of Litz as shown in 
Fig. 2(a) is used for induction cooking. 
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Fig.2(a): Basic circuit for Induction Heating 
A thermal insulator Fig.2(b) is placed between the cooking 


, vessel and the heating coil to protect the coil from overheating 


and also to support the vessel. The vessel must be made up of 
a material for which the product of resistivity and relative 
permeability is high cnough to yield an acceptable efficiency. 
In order to obtain maximum coupling, the spacing between the 
vessel and the coil should be kept as small as possible, but at 
the same time it should be large enough for adequate support, 
airflow and insulation. A ferrite disc may be used to enhance 
the coupling, but with additional cost. 





Fig.2(b): Structure of coil 
A complete design can be done on the basis of the following 


assumptions: 


(i) The spacing between the coil and the vessel is 
same throughout. 
(it) The heating coil has the same inner and outer 


diameter, irrespective of the number of turns. 
The cooking vessel remains unchanged. 

The key to a successful induction cooking 
appliance range is to select a well-suited 
inverter with optimal design (Fig.3). For 
present work, series h. f. mirror inverter is 
chosen. 


(iii) 
(iv) 
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Fig. 3: Series h. f. mirror inverter circuit for induction 
cooking appliance range 


Notations: 


Xew “> Spacing between the vessel and the coil 

Vatm) > Fixed grid voltage (rms) 

Va w? Fixed grid voltage (peak) 

Vitg > Fixed grid voltage (average) 

V > Spike voltage 

Vs > Peak voltage of bridge rectifier 

Vep > Peak voltage of input capacitor 

Veup) > Peak voltage of resonant capacitor 

Verm > RMS voltage of resonant capacitor 

Vsp? Peak voltage of switches (IGBTs) 

Isaw “2 Average current of bridge rectifier 

Itp) > Peak current of heating coil 

Is (avg) > Average current of switches (IGBTs) 

N > Number of turns of heating coil 

Roly > Resistance & leakage inductance of 
primary (heating coil) 

RonLia DResistance & leakage inductance of 
secondary (cooking vessel) 

Paa "> Maximum power output 

Ran ~>Total equivalent resistance as referred to 

secondary 

Lin “Total equivalent inductance as referred 
to secondary 

R> Internal resistance of induction coil 

L, > Series inductance of induction coil 

D,D, > Inner & outer diameter of induction 
coil 

C> Resonant capacitance 

C > Input capacitance 

 f; > Oscillating frequency of heating coil 

fama) — Minimum switching frequency f, 

Z> Characteristic impedance 

Q > Quality factor 


V. LOAD CHARACTERISTICS 


A circular heating coil’?! with 37 turns, having an outer 
diameter of 175.5 mm and an inner diameter of 43.5mm have 
been used. The induction-heating load can be seen as a 
transformer with a short-circuited secondary, and will be 


+ 


referred to as the load transformer. The heating coil and the 
cooking vessel can be represented by an equivalent series 
inductance (L,) and resistance (R), assuming negligible 
magnetizing inductance. The power transformer is designed 
by assuming the primary to secondary turns ratio given by- 


N = Viemm/(2 Vor} — — (1) 


The characteristic impedance of the series resonant network is 
given as a function of input voltage and output power as: 


Zo = Vaa / 2P — — (2) 


Where, 1 is the efficiency of the inverter. 
The resonant capacitor is 


Crk =1/2rf2— — — (3) 
and the resonant inductor is 

Lp =Z0 2r) — — — (4) 
Where, f is the frequency of operation. 


The parameters of the equivalent circuit in effect of 
normalization of R, and L, with respect to N are denoted by 
R,, and L,°*! where 


Ri = RatN Ra — — — (5) 
Le = Lpt+N’ La — — — (6) 
Ra = Ri/ N? = Ra/ N) +Ra — (7) 
La = L/N? = (Lp/ N’)+ La — (8) 


VI. INVERTER DESIGN 


An analytical model has been used to investigate the 
operation of the inverter, assuming ideal reactive and 
semiconductor components. It is known that the normalized 
power is a function of the normalized switching frequency 
and that the maximum power (Pix) is obtained when f, is 
equal to fọ. Therefore, C, should be so chosen that f, of the 
test circuit is equal to the desired minimum switching 
frequency (f; nua) of the inverter. The frequency fy and f, are 
only significantly different at low values of Q where, 


Q=ZyR —~ -~ — — (9) 
Z2NL NC. Se Se (10) 
f= (2nVL,C,y'— — — (11) 
f= (f (Ri (4x Ly? — -— (12) 
f, = fo (1-(2Q)7)°?-— — — (13) 


For the solution of fmin), power is the main criteria and 
therefore, f,(min) is chosen to be equal to fọ. It may be noted 
that the switching frequency range increases as the quality 
factor decreases for a certain power range, which is 
undesirable. If Xow, fo, Cy Cr and Prsx are chosen, Le Ri, Zo 
and Q can be calculated using equations (2), (9), (10) and 
(11). 
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Table — II : Calculation of circuit parameters 


No. obtained 


dp) 












ae 
ial 
e 








where the following values are to be noted: 


Pam 1000 w; f= 35 kHz; C = 5 uF; C, = 0.4 pF (all chosen); 
N = 37; fp = 24.6 to 33.3 kHz; D, = 43.5mm; D, = 175.5mm 
(all values taken due to practical considerations). 


Table - ITT 
Calculation of required power semiconductor switch 


ratings 
= = 
obtained 


a203 Vava 7 


s i O.tisexp C 0.2830] 2.56 A 
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VII. PSPICE CIRCUIT FOR SIMULATION 


A circuit as shown in Fig.5 is designed using the values (refer | 


to tables II and III) for the purpose of simulation by PSPICE. 
A. Simulated Results 
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Fig. 4 : Induction-coll current as obtained by Koertzen, 
Wyk, and Ferreira in reference [4} 

Currents through various elements of the circuit in Fig. 5 are 
obtained. The current through L, shows (fig.6) matches with 
the imduction-coil current which has been obtained by 


= 4 Seip, Gen | 
iil at siete? Ce > 
MON ehh he SE es ee 
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a VII. CONCLUSION és 


~~ 


In order to reduce the components and complexity of the 
control circuit, it becomes essential to employ modifted half- 
bridge inverter circuit. The fact, that the output current can be 
maintained constant, irrespectrve of the load on the inverter, is 
an extremely desirable feature required for induction-heated 
home appliances like rice-cooker, hot-plates, drier, etc. 
because the secondary load is changed according to the size 
and thickness of the utensils. 
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Fuzzy PID Controller 


Barwal Shwetla and K.K Garg 
Department of Electrical Engineering, Panjab Engineering College, Chandigarh „India (e-mail: shwetla_nith @ yahoo co.in ) 


Abstract: The use of fazzy proportional integral controller for the 
speed control of DC series motor was studied. The results were 
compared with classical PI controller output. Results of 
simulation on the plant demonstrated that the proposed fuzzy 
controller was abie to overcome disadvantages of usual PI- 
controller - sensitiveness to inertia variation and sensitiveness to 
variation of the range of reference specd alteration. 


Key words: fuzzy logic controller (FLC), proportional Integral ( 
PI ) controller 


J. INTRODUCTION 


iF the recent years, fuzzy logic controllers, especially PID 


type fuzzy controllers are being widely used in industrial 
processes owing to their heuristic nature associated with 
simplicity and effectiveness for both linear and nonlinear 
systems. In fact, for single- input single- output systems, most 
of fuzzy logic controllers have been essentially of PD type, PI 
type or PID type with nonlinear gains. Because of the 
nonlinearity of the control gains, fuzzy PID controllers 
possess the potential to achieve better system performance 
over conventional PID controllers provided the nonlinearity 1s 
suitably utilized [1]. 

Pure fuzzy control applications have been more an 
exception than the rule. In most cases the fuzzy controller 
output served as reference parameters, such as gains that are 
provided to a conventional controller instead of to driving 
actuators in the process directly. Because fuzzy controller 
could be regarded as a nonlinear characteristic field controller, 
it had no internal dynamic aspects. So, any dynamic property 
must be implemented by an appropriate preprocessing of the 
measured input data [2]. 


Classification chart of Fuzzy PID Controller in view of 
control actions have been given in Fig.! [3]. 
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Fuzzy controller 
(Lee, 1990)[5] 


Fuzzy PID*[4] Fuzzy non PID 
(Mamdani 1974) 1990) (Tong, 1980)[6] 
Gain scheduling Others 
(De (Otsubo, 1996)/9] 
Silva, 1989)[7] 







Direct action *{4} 
(Mamdani, 1974) 


Composed action* [4] Individual action 
(Mamdani, 1974) (Hu, 199738] 


Fig. | Classification chat The main reference source is given m the 
parentheses. The asterisk indicates the commonly-used type of controllers 


compared with its counterparts. 


There have been several types of control systems that use 
FLC as an essential system component. The majority of 
applications during the past two decades belonged to the class 
of fuzzy PID controllers, These fuzzy controllers could further 
be classified into three types: the direct action (DA) type, the 
gain scheduling (GS) type and a combination of DA and GS 
types. The majority of fuzzy PID applications belonged to the 
DA type where the fuzzy PID controller placed within the 
feedback control loop computed the PID actions through 
fuzzy inference. In GS type controllers, fuzzy inference has 
been used to compute the individual PID gains and the 
inference was either error driven self-tuning [4] or 
performance-based supervisory tuning [5]. In addition to the 
common Mamdani-type PI structure, several other structures 
using One-input or three-input controllers have been reported. 
Therefore, it became clear from the studies that the majority 
of these applications belonged to the class of two-input fuzzy 
PID type structures. Some two —input fuzzy structures are 
given below. 
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1) Fuzzy Proportional-Derivative (fuzzy-PD) control which 
generated a control output.from the error and the change rate 
of error and was a position type control. [10] 


Au, u(K) 


ni 
t(Ae,Ae) ý 


Fig. 2: Fuzzy PD controller diagram 


RR 


2) Fuzzy proportional integral (fuzzy PI) control which 
generated incremental control output from the error and the 
change rate of error and was a velocity type control. [10] 


Au 


u(K) 


Ae 
Aé 





Fig. 3: Fuzzy PI controller diagram 


H FUZZY CONTROLLER FOR DC SERIES MOTOR 
DRIVE 


å. DC Series Motor 

DC series motor has been best suited for certain 
applications such as vehicle, crane, hoist, and similar drives 
where large starting torque at low speeds was required. 

The differential equations (1) and (2) governing the 
performance of DC series motor were the following: 
€a = Ra ia + La diddt + Kaf ian + Krea n (1) 
Ko ig’ =Jdn/dt + Bn +T, (2) 

Where, R,=armature resistance , L,=<armature inductance, 
Ky.armature voltage constant, K,.<=residual magnetism 
voltage constant, J=moment of inertia, B= friction coefficient, 
Ty =load torque , eg=motor terminal voltage, 1,=-armature 
current and w=motor spéed. The above equations were 
nonlinear because of the product and square terms involving 
the variables. 

A linear model or transfer function for the series motor 
could be derived by applying small signal perturbation 
techniques. This model would then be used in the analysis of 
a closed loop system incorporated the series motor .The 
analysis was valid for small disturbances around a given 
steady state operating point [11]. 
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Fig 4. Overall transfer function of the DC series motor was 
modified to the form: 


Ea(s) ` 





Fig. 4 transfer funtion block dig, of DC series motor 


B. Fuzzy Controller 

In this section, the design procedure of Fuzzy PI speed and 
current controllers have been presented. A typical FLC 
consisted of three basic components, namely Input signal 
fuzzification, a fuzzy engine, and output signal 
defuzzification. The fuzzification block transformed the 
continuous input signal into linguistic fuzzy variables. The 
fuzzy engine handled rule inference where human experience 
could easily be injected through linguistic rules. The 
defuzzification block transformed the fuzzy control actions to 
continuous (crisp) signals which could be applied to the 
physical plant. The knowledge base included fuzzy sets, 
which were defined on the interval of the inputs and the 
outputs of the FLC, and a rule base, which was constructed 
from fuzzy implications. [12] 


The Figure 5 described the fuzzy PI controlled DC motor 
drive [12] where speed from motor (M) was read through 
tachogenerator (T) and compared with reference speed given 
at the input. The error was then processed through controllers 
to get desired speed response [1 1]. 





Fig. 5 Fuzzy PI controller in DC motor drive 
I STEPS 


A.. Fuzztfication 

The motor variables to be controlled were the speed œ and 
the armature current i,, In the proposed PI fuzzy speed 
controller, the input variables were defined as the error e (k) 
and the error change Ae, (k): 


e,(k)=o,(k)-w(k) (3) 
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Ae,(k)=e,(k)-e,(k-1) (4) 
Equations similar to (3) and (4) could be defined for the PI 
fuzzy current controller: 

Where, o,(k) was the reference speed signal, œ(k) was the 
actual motor speed, i(k) was the reference current signal 
(generated from the speed controller) and i,(k) was the 
armature current all at the k sampling interval . 

The error and error change for both speed and current were 
scaled using appropriate scaling factors. These scaled input 
data were then converted into linguistic variables which were 
viewed as labels of fuzzy sets. In this paper, the following 
linguistic variables have been used for the input variables viz., 
Positive Medium (PM), Negative Medium (NM), Positive 
Small (PS), Negative Small (NS), Zero (Z), Positive Big (PB), 
Negative Big (NB). 

A fuzzy set was defined by assigning the grade of 
membership values to each element of the universe of 
discourse. There were many types of membership functions, 
e.g., the bell-shaped, the triangular-shaped, the trapezoidal- 
shaped, etc. The choice of membership function shape is 
mainly dependent on the designer preference. For simplicity, 
the triangular-shaped functions had been used [8]. 

In the universe of discourse, the numbérs for the afore 
mentioned linguistic variables range viz.. NB {-1.33, -1.0, - 
0.66}, NM {-1.0, -0.66. -0.33}, NS {-0.66. -0.33, 0}, Z; {- 
0.33, 0, 0.33}, PS {0, 0.33.0.66}, PM {0.33.0.66, 1.0}, PB 
(0.66, 1.0, 1.33}. were anticipated by the range of error from 
the graph derived with applying PI in the simple DC series 
motor drive. 


B. Fuzzy Control Rules 

The fuzzy control rules were developed based on intuition 
and experience instead of the availability of the system model. 
The structure of a general rule would be written as ‘If e(k) is 
W and Ae(k) is Q Then Au (k) is C’, where Au (k) was the 
change 1n control input ( which was the output of the fuzzy 
controller} and W, Q and C were the fuzzy subsets defined 
over the universe of discourse of e, Ae and Au, respectively. 
The linguistic variables used for the output signal Au(k) and 
their associated numbers were, Positive Very Big (PVB) (0.8, 
1. 0, 1.2}, Positive Big (PB) { 0.6 ,0.8, 1.0}, Positive Medium 
( PM) (0.4,0.6, 0.8), Positive Small (PS ) { 0.2,0.4,0.6 1}, 
Zero (Z) { -0.2, 0.0.0.2 }, Negative Small (NS) {-0.6, -0.4, - 
0.2}, Negative Medium ( NM) { -0.8, -0.6, -0.4}, Negative 
Big (NB) {-1.0, -0.8,-0.6} and Negative Very Big ( NVB) 
{-1.2, -1.0, -0.8).The following observations were used to 
determine the fuzzy control rules: 

1) If both the error (e) and the error change (Ae) are zero 
then the control settings should be kept at its present value 
(1.e. Au = 0). 

2) If the error is positive and increasing (i.e. Ae is positive), 
then positive control input (Au positive) should be used to 
reduce the error to zero. 

3) If the error is negative and decreasing (i.e. Ae is 
negative), then negative control input is used (Au negative) to 
minimize the error. ~ 
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4) If the error is positive and decreasing (or negative 
increasing), then small or zero control input is required. 

According to the above observations, the fuzzy control 
rules were selected. Since both the speed and current loops 
must satisfy the needs of fast transient response with 
minimum overshoot and they have essentially first order 
characteristics, then, intuitively the same fuzzy control rules 
should be valid for both loops. For example these rules were 
given in Table I, the element in the fifth column and third row 
read: If e (k) is PS and Ae(k) is NS Then Au(k) is Z. 


Fig. 6 Fuzzy control rules Chart for speed and current 
controllers 





D. Defuzzification 

Basically, a defuzzification scheme could be viewed as a 
mapping from a space of fuzzy control actions defined over 
an output universe of discourse into a space of crisp control 
actions. The aim of a defuzzification strategy was to produce 
a crisp fuzzy action that best represented the possibility 
distribution of an inferred fuzzy control action. Bisector 
method was used here. 

Once a crisp value of Au (k) is determined, the control 
signal u(k) could be evaluated from the recursive formula 


u(k) = Au (k) + u(k-1) [12]. 


Ii SIMULATION STUDY 
In order to illustrate the effectiveness of the proposed fuzzy 
controllers, digital simulation of the drive system has been 
performed. The parameters of the drive system were as 
follows: Ke, = 0.027 H, Ka, = 0.027 V.sec.rad, R= 1,L,- = 
0.032 H, J = 0.0465 kg-m2, B = 0.004N.m.s/rad, k,=tacho 
constant =0.057V sec/rad, k, =current transducer constant = 
0.5 V/A, cosine firing scheme constant = 25. The steady state _ 
operating point was dy 25.8, ¢,5= 102.6 V, @, = 155.4 rad/sec, 
i» = 18.7 A and T,,= 10 N.m. For the sake of comparison, 
classical PI speed and current controllers were also designed 
and simulated with the drive system. 
The parameters of these controllers have been found to be: 
t = speed controller time delay = 0.5 sec., t = current 
controller time delay = 0.01 sec., k, = speed controller gain = 
1.2 and k; = current controller gain = 0.01 [14]. 


° 


Proceeding of International Conference MS’07, India, December 3-5, 2007 


The drive system was simulated with classical and fuzzy 
control loops for reference speed = 188.4 rad/sec (corresponds 
to 1800 rpm). 


Comparison was made for the settling time and maximum 
overshoot of speed response for both types of controllers 
(Table I, ID. It was evident that the transient behavior of the 
fuzzy controlled drive was better than that of the conventional 
PI controlled drive. 

Software tool used for simulation is MATLAB. 


IV. COMPARATIVE TABLES FOR CONCLUSION 
Table I. Step input of 188.4 rad/sec 


Maximum peak 178 rad/s 
a 


Table IZ. Increasing step input range to 200 rad/sec 


190 rad/s | 307.Srad/s 


Steady state speed | 190 rad/s | 189.2 rad/s 

























Table I. Current response for step =188.4 rad/sec 


oe 


Table IV. Voltage response for step =188.4 rad/sec 


Table V. Application of step torque 5 Nm/sec at 3sec and 


input 188.4 rad/sec 
Steady state speed 179 rad/s | 179 rad/s 


Dip in speed curve at 3 sec | 1 rad/sec 


. 






















1) The results of response of fuzzy PI for the case of 
current, voltage and speed was better than PI controller. 

2) By increasing the step range the response was better, and 
the oscillations were negligible incase of fuzzy PI. 

3) The dip due to the application of torque was more in 
case of PI controllers. 

4) The settling time and maximum peak for current voltage 
and speed response was lesser in the case of fuzzy PI 
controller. 

In addition to this the following observations were also 
made; 1) The value of the change-of-control increment 
decreased when the error’ decreased, 2) The value of the 
change-of-control increment increases when the change-of- 
error decreases. 

According to the above conclusion the fuzzy controller that 
provides robust control for the DC speed drive had been 
designed. The results of the simulation on the plant 
demonstrate that the proposed fuzzy controller was able to 
overcome the disadvantages of the usual Pl-controller — 
sensitiveness to inertia variation and sensitiveness to variation 
of the range of the reference speed alteration. 

Therefore, the above conclusions showed superiority of 
fuzzy over PI. 
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Abstract— As a pilot project a 12V D.C to 220V/50Hz, 250W 
system is developed, using micro controller which provides the 
switching control of the converters as well as protection features 
like battery drain, short circuit, over voltage and under voltage 
can be implemented easily. This eliminates the need for additional 
analog control circuitry. It uses step up conversion topology and 
50 KHz operating frequency, which further reduces the system 
size. 


Key words— High Frequency, Inverter, Microcontroller, SMPS, 
and UPS. 


I. INTRODUCTION 


Vs present power supply scenario is marred by frequent 


power cuts, load shedding and low voltage supplies. But power 
supply dependence in industries and increasing use of 
electrical and electronics appliances in homes have made 
uninterrupted power supply a modern day necessity. This has 
inflated the demand of inverters in both industries and 
households. The increase in demand has also called for more 
power efficient and portable designs. Major chunk of the 
requirement is met using storage batteries and DC to AC 
Inverters. Presently 220V/ 50Hz power generation is met using 
transformer of metals & metal alloys with inherent loss factor 
of 10 %. However they are heavy in weight, bulky in volume. 

To overcome these issues use of high frequency 
ferrite core transformers provides weight reduction by one fifth 
of conventional inverters, one third of volumetric reduction 
along with 25 to 35% cost and the 10% improvement in 
efficiency. Lower cost of ferrites and growth of ferrite 
technology will lead to further reduction in cost and more 
power efficient designs. 

Growing dependence of households on inverters calls for 
more economical, light weight, efficient and portable designs. 
Switching power supplies are more power efficient. Inverters 
using switching power supplies are in great demand as they are 
more compact, more power efficient and low cost. 

The inverter design, developed in this work, uses 
switching technology hence meets all the above requirements 
needed by the consumers. 


U. HARDWARE 


The block schematic of the proposed scheme is shown in 
Fig.l. The various blocks of Fig. lare explained below. 





Fig. 1. Block diagram of Miciocontroller Based High Frequency Inverter 


A. Lead Acid Battery 


Supplies d.c voltage from 10.5 to 13.6 volts to the push pull 
converter. 


B. Push Pull converter 


Steps up the dc voltage received on the primary side by a 
ratio of 31:1. The output obtained is a square wave with 
average value = 262V. 


Duty cycle of PWM signal given to input switches of 
converter is varied from 64% to 84% to maintain an average 
value of 262V on the secondary of push pull transformer. 


Auxiliary windings on the secondary side have 3 turns. 
Average value of 13V is obtained on the Output of the 
auxiliary winding. This auxiliary voltage supplies the dc 
voltage required by the three optocouplers (LM 817) in the 
circuit. 
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C. Full Bridge Rectifier and Filter 


Removes the high voltage spikes present in the output of 
push pull converter. The output obtained is square wave with 
rolled ends with average value of 260V. 


D. Full Bridge converter 


Receives input from the full bridge rectifier and filter. The 
switching frequency is 50 Hz with a duty cycle of 85%, The 
output is square wave with rolled ends at a frequency of 50Hz 
and average value 220V. 


E. Optocoupler 


Three optocouplers (PC 817) are used in the circuit. One 
optocoupler is used in the feedback circuit to the 
microcontroller it isolates the microcontroller from the analog 
voltage being fed back from the output of full bridge rectifier 
and filter. Other two optocouplers are used to isolate the 
transistors used in the drive circuitry of full bridge converter 
switches from the fast rising signals received from the Schmitt 
trigger. 


F. Schmitt Trigger 


Signals from pin numbers 18, 19, 14 and 15 of 
microcontroller are fed to it. It decreases the rise and fall time 
of the signals obtained from microcontroller to a few 
nanoseconds (50ns to 990ns). 


Il, CONTROL SCHEME 


The detailed circuit diagram of block schematic shown in 
Fig. | ıs presented ın Fig.2, The various circuits used in the 
proposed scheme include control circuit for miccontroller, 
power supply inverter configuration isolator circuit, output 
Stage etc. - 


It receives battery voltage input on pin no 23 after the 
voltage is stepped down by the voltage divider and preset. The 
preset is set such that a battery voltage of 1O.5V is stepped 
down to 2V Jf the battery voltage goes below 2V then the 
microcontroller stops giving PWM signal to the push pull 
converter. Microcontroller receives over and under voltage 
feedback on pin no 24.A.C voltage output of push pull 
converter is converted to d.c using full bridge rectifier and 
filter. This high voltage output (317Vpk to 410Vpk) is 
converted to dc with an average value of 260V.It is stepped 
down using voltage divider and preset such that 310V is 
stepped down to 1.5V and 409V stepped down to 1.96V.The 
voltage feedback is stepped down and varied linearly from 
1.5V to 1.96V.Depending on the feedback received 
microcontroller varies the duty cycle of PWM signal given to 
mosfet switches of the push pull converter. This duty cycle is 
varied from 64% to 84%. Pin nos 18 and 19 give PWM signal 
at a frequency of 50Khz.The duty cycle of this signal varies 
from 64% to 84% depending on the feedback received on pin 
no 24(as explained above).If the feedback signal on pin no 24 
is not in the specified boundary (1.5V to 1.96V) then the 


PWM signal from pin no 18 and 19 to push pull switches is 
stopped (i.e. duty cycle made 0%). 


PWM signals from pin no 18 and 19 have a delay of 10pUs 
between them. Pin number 25 receives feedback from a current 
transformer connected at the output of the secondary of the 
push pull converter transformer. The output of the current 
transformer is stepped down using a preset. This stepped down 
voltage is feedback to the microcontroller pin no 25.Preset is 
so adjusted that 2V corresponds to full load current. For 
feedback more than 2V PWM signal given to the push pull 
switch is stopped (i.e. duty cycle=0). 


Pin numbers 14 and 15 give Signal of frequency = 50Hz.The 
duty of this signal is 85%.This signal is given to the mosfet 
switches of full bridge converter. The signals from pin no [4 


and 15 have a time delay of 10ms. 






Sample battery sensing voltage 
until it 1s greater than 2V 


Set Pin 3 and clear PWM 
and 50Hz Signal 


Ciear Pin 3 and generate 
PWM and S0Hz signal 
Fig 2. Flow chart for generating switching signals 


IV. SOFTWARE 


The flow chart for developing the control scheme is shown 
is self explanatory flow chart. The microcontroller generates 
the triggering signal for MOSFET, Shut down, over current, 
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battery voltage sensing. The flow chart is converted into 
assembly language of microcontroller. 


V. TESTING AND RESULTS 


Signals from pin numbers 18, 19, 14 and 15 of 
microcontroller are fed to it. It decreases the rise and fall time 
of the signals obtained from microcontroller to a few 
nanoseconds (50 ns to 990ns.) The hardware of the proposed 
scheme is developed and integrated with software control 
through microcontroller. The testing of the prototype is 
conducted in laboratory test bench. The system is switched on 
by press button switch on no load. The output voltage of 220 
V a.c. is available and is recorded through a digital voltmeter. 
The system is switched off. A resistive load is connected. 


VI. CONCLUSION 


As a pilot project we have developed a 12V d.c. to 
220V/S0Hz, 250W system. We have added protection features 
like short circuit, over voltage, under voltage and battery drain 
protection. The protection circuitry is implemented using a 


micro controller ATmega8. The use of micro controller for 
providing protection makes the protection circuit more 
compact and corrective measures sharper compared to that 
provided by an analog circuit. The circuit is tested for 250 watt 
load and the result was satisfactory. The micro controller also 
provides the switching control of the converters. This 
eliminates the need for additional analog control circuitry. It 
uses step up conversion topology and 50 KHz operating 
frequency, which further reduces the system size. 
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Abstract Hysteresis current controllers having fixed bands are 
used in inverters of high-performance applications. The switching 
frequency of such controllers varies over the fundamental period 
of the modulating signal. The maximum switching frequency of 
these controllers is high. To limit the maximum switching 
frequency within the limit of inverter switches, fixed carrier 
lockouts are usually incorporated. The incorporation of carrier 
lockouts causes current distortion, and load currents do not 
confine within the predetermined band. In this paper, two new 
controllers are proposed. These controllers have a variable-band 
hysteresis comparator that varies with the slope of current’s 
error. Performances of the proposed controllers are compared 
with the performance of the conventional fixed-band controller. 


Key words-—— Hysteresis Current Control, Constant Switching 
Frequency and Voltage-Source Inverter. 


I, INTRODUCTION 


OLTAGE source inverters (VSI’s) having current 

controllers provide high dynamic performance of ac 
drives [1]. A variety of current-control methods have been 
reported in the literature. In general, the current-controlled 
pulse-width modulation (PWM) schemes can be roughly 
classified into the following categories [1]-—[3}. 
1) Hysteresis Controller: It is simple to implement and has 
robust current control performance against load and source 
parameter changes. However, the resulting inverter output 
harmonic’ spectrum distributed characteristic depends largely 
on the variations of load and input voltage. 
2) Ramp-Comparison Controller: The switching frequency of 
the inverter is fixed, but. its current tracking control 
performance is sensitive to the variation of motor back EMF, 


and the current tracking magnitude and phase errors inherently 
exist 

3) Predictive Controller: The next switching-state vector for 
achieving good current tracking control is determined via 
prediction and optimization. The lookup table method ts 
usually utilized to realize this kind of switching control 
approach. The current control response might be slower than 
other types of current controllers due to the extra processing 
time [1]. 

The hysteresis current control is one of the simple and 
extensively used methods [4]. In this method, hysteresis 
comparators are used to impose a fixed dead band or 
hysteresis around the reference current. The switching 
frequency varies during the fundamental period and exceeds 
the limit of the inverter switches at certain conditions. To limit 
the maximum switching frequency, lockout circuits are usually 
icorporated [5]. An adaptive hysteresis-band current control 
may be used to maintain a fixed modulation frequency [6], [7], 
[8}, [9]. However, the implementation is complex and difficult. 
Reduction in switching frequency can be done by using the 
zero state of inverter [10]. In all these controllers, the 
switching frequency is load dependent. Another hysteresis 
current controller employs a band, which sinusoidally varies 
with the fundamental period of the inverter [12]. In this type of 
controller, the switching frequency is very high near the zero 
crossing points of the reference wave. Introduction of lockouts 
to this type of controller shows improved performance 
compared to the fixed-band controllers [12]. 

Switching frequency of the fixed-band controller is less than 
the sinusoidal-band controllers, but spectral behavior of 
sinusoidal-band controller is better. The two methods can be 
combined to have advantages of both types in one controller. 

In this paper, two new variable-band Hysteresis techniques 
are proposed to reduce the upper limit of switching frequency 
and improving the spectral distribution of output current. 
These controllers use the derivative of current error to increase 
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the hysteresis band and thus reducing the switching frequency. 

The current controllers proposed in this paper can be used 
for any type of VSI irrespective of the type of application. The 
basis of modulation of the controllers is derived from the 
hysteresis-band current controllers. 


I. . FEXED-BAND HYSTERESIS CURRENT 
CONTROLLER CHARACTERISTICS 


Fig.l shows a single-phase inverter with a fixed-band 
hysteresis comparator. The output current is compared with the 
reference current. When the current error exceeds the 
hysteresis band, the suitable switching commands are 
produced to keep the output current in the predetermined error 
band, as shown in Fig.2. 

In the fixed-band hysteresis controller, the switching 
frequency varies during the fundamental period and exceeds 
the limit of the inverter switches at certain conditions. 





~E 


Fig 2 Output current (upper) and output voltage (ower) under fixed-band 


hysteresis controller 
(h) 
f 
EA p} 
SW min SW max 


Fig.3 Output current harmonic distribution in fixed-band hysteresis current 
controller 


Moreover, the output current harmonic distribution varies 


in different conditions and has not a well-defined shape. Fig.3 
shows the harmonic distribution of output current. 


I. PROPOSED VARIABLE-BAND HYSTERESIS 
CONTROLLER 


In a fixed-band hysteresis controller, when the difference 
between slopes of output current and reference current is high, 
the output current rapidly reaches the error band and hence 
switching frequency goes high. 

The proposed current controller, increase the hysteresis 
band, proportional to the absolute slope of current error. 
Therefore, the switching frequency remains below a certain 
value. Fig.4 shows the basic scheme of proposed controller. 





I= ly 


Fig 4 Basic scheme of proposed variable-band hysteresis 


Simulations show that an integral compensator can improve 
the performance of proposed controller. As shown in Fig.5, 
current error is fed to an integral compensator and 
compensator’s output is subtracted from fixed hysteresis band. 





Fig 5: Improved variable-band hysteresis current Controller 


IV. PERFORMANCE EVALUATION OF PROPOSED 
CURRENT CONTROLLERS 


A. Fixed-Band Hysteresis Controller 


In order to compare fixed-band hysteresis controller with 
proposed controllers, computer simulations have been 
conducted. The reference current amplitude is 25kA. Fig.6 
shows output current of this controller. Fig.7 shows switching 
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frequency and harmonic distribution of output current in fixed- 
band hysteresis controller. As shown in Fig.7-a, switching 
frequency varies in a broad range of frequencies. The average 
switching frequency is 5 KHz and output current THD is 
2.2%. Fig.7-b shows harmonic distribution of output current. 
As shown in Fig.7-b, output current has high amplitude 
harmonics about average switching frequency and other 
harmonics are randomly distributed 


T2 





Fig.6 Fixed-band hysteresis controller output current: a) One period b) 
Detailed view 


V. PROPOSED HYSTERESIS CONTROLLER 


The simulation results of proposed current controller are 
shown in Fig.8 to Fig.11. The average switching frequency is 
4.7 KHz and the output current THD is 2.6%. As shown in 
Fig.9-a, the hysteresis band is variable. Fig.9-b shows the 
current error. As shown in Fig.10, the proposed current 
controller has good performance in switching frequency 
regulation and harmonic distribution shaping. Due to switching 
frequency regulation, the harmonic distribution is in a well- 
defined shape, like PI controller’s harmonic distribution [1]. 
To examine the switching frequency regulation, simulation is 
conducted in different conditions: first, with 50% decrease in 
load inductance and resistance, second, in case of a step 
change in amplitude of reference current. Fig.1] shows 
simulation results in these conditions. According to Fig.11, the 
proposed controller has a good performance in = 
frequency regulation, in various system conditions. 

In order to observe the effect of derivative coefficient kac on 
frequency regulation, simulations are conducted with different 
values for ky Fig.12 shows the simulation results for two 
different values for ky. Fig.12-a shows the switching frequency 
of inverter with a smaller ka and Fig.12-b shows the switching 
frequency of inverter with a greater ky As one can see, 
appropriately choosing of ky leads to regulated switching 
frequency at desired value. 
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VI. IMPROVED HYSTERESIS CONTROLLER 


Fig.5 shows the scheme of improved proposed controller. 
Simulation shows same results in switching frequency 
regulation, but a great reduction about 75% in output current 
THD, for improved controller. Fig.13 shows output current 
and Fig.14 shows harmonic distribution of improved current 
controller, Fig.15 shows harmonic distribution of output 
current with a different value for integral coefficient k,. As one 
cans see, a better THD is achieved with tuning of integral 
coefficient. 





Fig-8 Proposed coatroller output current: a) One period b) Detailed view 
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Fig 9 Proposed variable-band hysteresis controller: a) Hysteresis band b) gr- Re 03 b 05 06 07 Q8 
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VI. COMPARISON BETWEEN DIFFERENT 
CONTROLLERSN 


.Table 1 shows a comparison between simple Hysteresis 
current controller and two proposed current controllers. As one 
can observe, the advantage of two proposed controllers is in 
their regulated switching frequency and their disadvantage is 
in necessity of derivative and integral coefficients tuning. 










Ig 


Hysteresis 


Proposed 
Controller 





Controller 


Vol. CONCLUSION 


Hysteresis current-controlled PWM possesses the 
robustness characteristics of bang-bang control, but suffers 
from the major disadvantage of non-constant switching 
frequency. This paper introduces two variable-band hysteresis 
current controllers for voltage source inverters. The regulation 
in switching frequency is achieved without additional lockout 
circuits since the switching frequency is regulated with suitable 
variation of hysteresis band according to current error slope. 
The output current has a harmonic distribution independent 
from load and system conditions. The improved controller 
provides a smaller current THD and has same switching 
regulation and harmonic distribution characteristics. 
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Abstract—This paper proposes two digital current control 
technique of a single-phase voltage-source inverter. The key 
feature of these methods is minimization of the current error at 
every sampling point with no predetermined current error 
tolerance such as a hysteresis band. In the first technique, In order 
to make the current trajectory until the next sampling point as 
close as possible to a predicted current command, one of the two 
non-zero voltages in conjugation with the zero voltage is 
appropriately selected by the controller. 

In the second technique, a zero-voltage vector is inserted once a 
sampling period to adjust the current vector velocity and to move 
the current to the closest position to the predicted current 
command. The proposed method achieves a dead-beat response 
without the predetermined current error tolerance and uses a 
simple mode! of transformer in prediction process. Resultant data 
obtained from computer simulations prove feasibility of the 
second proposed technique 


Key words—Current Injection Transformer, Predictive 
Current Control, Constant Switching Frequency and Inductance 
Estimation 


J. INTRODUCTION 


URRENT Injection Transformers (CITs) are within the 

major groups of standard type test equipments in electrical 

industry. The CITs are used to testing equipments such as 
circuit breakers, that must carry short-circuit current. Testing 
can assure that the tested product meets or exceeds 
performance standards. 

In the case of an inverter-fed CIT, we must use a current- 
controlled PWM method to control the output current of the 
CIT. Current-controlled inverters have extensively been used in 
many applications such as ac servomotor controllers, switched 
ac-dc rectifiers, active filters and so forth [1][2]. Basically, 
these kinds of inverters have current feedback loops to regulate 
phase currents detected with Hall-effect CTs. The most 


common and conventional techniques to regulate the currents — 


are a proportional-integral (PI) element based scheme 
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and a hysteresis comparator based scheme. The former has an 
advantage over the latter in terms of generation of optimum 
pulse-width-modulated (PWM) patterns but has drawbacks in a 
current response and a steady-state error. The latter has both 
advantages and disadvantages vice versa; hence it is rather 
difficult for these techniques to satisfy all requirements at the 
same time without sacrificing any of the performance indexes 
described above. In order to overcome such dilemma, several 
proposals have been made on the basis of sophisticated but 
complicated approaches. One of the approaches is a method 
using a spatial circular area as a current error tolerance, which 
can restrict the current error vector within the predetermined 
circular area [3]. Another is a dead-beat control based 
algorithm, which achieves an excellent current response with 
only one sampling time delay [4]. Also, other several papers 
have reported modified hysteresis comparator based solutions 
[5]. 

In many applications, current control is useful as part of a 
larger control structure. In the case of an injection transformer, 
a current controller may be used to control the desired output 
current. The application that is the focus in this paper is the 
control of an injection transformer, although the results have 
broader relevance. 

This paper proposes two digital current control techniques, 
which features minimization of current error at every sampling 
point with no predetermined current error tolerance, such as a 
hysteresis bands. The second proposed method is a kind of 
dead-beat control. On-line identification of the load parameter 
is introduced to the controller to solve problems associated 
with a parameter mismatch. In this paper, a theoretical aspect 
of the proposed techmques is described and computer 
simulations are presented to examine feasibility of the 
methods. 


H. CURRENT INJECTION SYSTEM 


Fig.l shows the current injection system. The Injection 
transformer is an inverter-fed transformer that injects desired 
current to the load. The transformer is fed by a current 
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controlled single-phase voltage-source inverter. Fig.2 shows 
simplified inverter-transformer system. 


injection Transformer 





Predictive 
Controller 





Fig.2 Sumplified model of current injection system 


i. PREDICTIVE CURRENT CONTROL 


A. Minimum-Error Predictive Controller 


In this section a predictive method is described that is based 
on output current sampling at instant t and calculation of output 
current at instant t+1(the next sampling instant). According to 
inverters voltage levels, +E, 0O and —E, three different current 
trajectories would be achieved, as shown in Fig.3. These three 
trajectories have three different values at instant t+1. Thus, 
three different current errors would be achieved at instant t+1. 
The control algorithm chooses the voltage level that produce 
minimum current error, during the sampling period. At instant 
t+1, these steps repeat for instant t+2 and so on. Therefore, the 
switching frequency upper limit is 1/2T where, T is sampling 
period. 

Reference 
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Fig.3 Current trajectories according to inverter output voltages 


Calculations are based on transformer and load’s model, 
hence more accurate model results more accurate current 
tracking. Fig.4 shows the control algorithm flowchart. 








Output current sampling _ 


Calculation of output current at next 
sampling instant, according to inverter 
voltage level and transformer and load’s 


Calculation of current errors of predicted 
output currents at next sampling instant 


Choosing of voltage level that produce 
minimum current error at next instant and 
applying suitable switching commands 








Fig.4 Flowchart of minimum-error method 


B. Deadbeat Current Control 


The objective of previous control method was reducing 
current error at next sampling instant. In this section, control 
algorithm tries to zero the current error at next sampling 
instant. Thus, we can categorize this method as deadbeat 
control. To implement the control algorithm, suppose a a 
inductance =. of transformer and load, thus: 


j =i iat l 
i,¢+) KOHT (1) 


Where L is the equal inductance of transformer and load and 
V is applied voltage. To set current error to zero at next 
sampling instant, following equation must be valid: 
i @+D=i (t+!) (2) 

Where, i*(t +1) is the value of reference current at the next 
sampling instant and has a known value. Combining (2) with 
(1) results: 
y LE 0+0- 0) (3) 

T 

The voltage V that is computed from (3), has a different 
value from the voltage levels that inverter can produce. Thus, 
one must use zero level voltage together a non-zero voltage 
level, to approximate the reference voltage V, as shown in 
Fig.5. According to Fig.5, we have: 


T,= YT (4) 
E 
T,=T -T, (5) 


From (4), the durations of non-zero voltage, T1, and zero 
voltage, T2, is calculated. The duration of applying zero- 
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voltage is set between two half-duration of non-zero voltage, to +" 


W 


2 z 
Fig 5 Durations of applying zero and non-zero voltages 
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Output current sampling 


| 


Calculation of reference voltage that 
produces zero current error at next 
sampling instant 


Calculation of durations of non-zero 
voltage and zero voltage 


Apply non-zero voltage, in half 
of its calculated duration. 
Applying zero voltage, in its 
calculated duration 
Apply non-zero voltage, in 
remainder of sampling period. 

















Fig.6 Flowchart of deadbeat method 





reduce the current ripple [6]. Fig.6 shows the flowchart of this fetm] 
control method. 
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Fig.7 Minimum error controller: output current 


VY. PROCEDURE FOR PAPER SUBMISSION 


A. Simulation Results of Minimum-Error Controller 


The sampling period is set to 10 KHz. Fig.7 shows the 
output and reference currents. Fig.8 shows inverter’s output 
voltage and output current’s error. In this method, only the 
upper limit of switching frequency is controllable. Practically, 
switching frequency of inverter is less than half of sampling 
frequency. If in each sampling period, control algorithm 
chooses a different voltage level of inverter, the upper limit of 
switching frequency (i.e. 1/2T) is reached. If at two or more 
sampling period, control algorithm chooses last voltage level, 
then the switching frequency reduces. Fig.9 shows the 
switching frequency of this method. The upper limit of 
switching, as shown in Fig.9, is SKHz. Fig.10 shows the 
harmonic contents of output current. 

Fig.11 shows the current error and switching frequency of 
inverter, during a step decrease of reference current amplitude. 
Since current error’s amplitude remains unchanged; the output 
current ripple increases and the switching frequency largely 
decreases. 


C. Inductance Estimation 


As, a Single inductance is used to model the transformer and 
load, there would be some errors in current tracking. Using a b} 
more accurate model leads to a better current tracking. In this 
paper, an inductance estimation technique is employed as an gi 
alternative approach. The inductance may be estimated from 
the measured currents and past applied voltages. Simulations gyt.. 
approved the usefulness of this technique. 
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IV. SIMULATION RESULTS ant 


Several simulations were performed to examine the 
feasibility of two proposed 
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Fig 10. Minimum-error controller: output current’s harmonic contents 


B. Simulation results of deadbeat controller 


The sampling period is set to 5KHz. Fig.12 and Fig.13 
shows the output current and voltage, respectively. 

As shown in Fig.12, at the peak of reference current, output 
current can’t reach to zero error. This is because of use of 
inaccurate model of transformer. As shown in Fig.13, an 
optimum PWM pattern is achieved. 

Fig.14 and Fig.15 show the switching frequency of inverter 
and harmonic contents of output current, respectively. As 
shown in Fig.14, the switching frequency is regulated about 
sampling frequency. The constant switching frequency results 
the well distributed harmonic contents, as shown in Fig.15. The 
main harmonic contents are concentrated at switching 
frequency. As shown in Fig.16, the switching frequency 
remains at desired frequency. This is a great advantage over the 
last control algorithm. 





Fig.1 1 Mmimum-error controller. a) Current enor b) Switching frequency 
during step change in 1eference amplitude 


C. Simulation of Inductance Estimation 


Simulations are conducted to examine the effect of 
inductance estimation technique on current tracking. Fig.17 
shows the output current when the inductance estimation 
technique is used. 

As shown in Fig.17, the inductance estimation technique 
improves the current tracking. 
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Fig 15 Deadbeat controller. output current harmonic contents 
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VI. CONCLUSION 


This paper compared two digital current control’ 
strategies. The second and preferred strategy makes it possible ' 
to minimize the current error at every sampling point. The 
most unique point of the proposed method is to restrict 
automatically the current error vector within a minute band 
with no predetermined error tolerance, e.g., a hysteresis band. 
The method achieves optimum PWM patterns and a quick 
current response. Also, it has been clarified that the most 
conspicuous spectrum of the current harmonics can be 
observed at the inverter switching frequency. An inductance 
estimation technique is employed to compensate model 
inaccuracy. Operation of the proposed techniques has been 
examined with computer simulations and feasibility of second 
algorithm is verified. 
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Abstract- in this paper fuzzy logic based extended dynamic 
braking of electric locomotives is suggested for the braking 
contro! of locomotives equipped with traction drives. Controller 
design for the locomotive is carried out with two input, i.e., speed 
and distance and one output, i.e., braking effort using fuzzy logic 
algorithms, Commonly, conventional controllers are used for the 
above control. But these controllers give poor control 
performance due to uncertainty and unpredictability of traffic 
dynamics. Fuzzy logic based controllers proposed in this paper 
convert the linguistic strategy based upon the expert knowledge 
into an automatic braking control. An attempt is made to obtain 
higher braking torque at lower speed by using extended range of 
dynamic braking. Extended range is obtained by cutting out the 
breaking resistance in three stages. Fuzzy logic controller is 
designed by taking the advantage of extended range of dynamic 
braking and result obtained are superior to conventional scheme. 


Key words—Extended range, Dynamic braking, Fuzzy logic, 
Locomotive. 


I. INTRODUCTION 


HE speed control system is required principally as a safety 

feature to prevent trains exceeding speed restrictions or 
passing signals at danger. This system will assist drivers of 
higher speed trains to reduce speed before exceeding the target 
points. This system can be used on lines with various types of 
traffic, high speed intercity, high density suburban, low density 
rural, various types of freight and parcel trains. Here aim is to 
apply train braking to achieve the desired target limit of the 
speed. 

In this paper, a new class of control, called intelligent 
control using the principle of fuzzy logic has been proposed 
for smooth and effective braking control for the locomotives, 
which has enhanced dynamic braking characteristics. 
Intelligent control is the most sophisticated control, and it 
emulates the decision making capabilities of human beings. 
Application of fuzzy control can meet the fascinating 
challenges over the loco control system i.e. interlocking 
stations, automatic speed and braking controls. Fuzzy 


controller is designed using high speed protection control 
equation, to prepare the rule base using Mamdani fuzzy 
inference system. The major advantage of fuzzy logic control 
[2] is its simplicity along with its robustness to components 
and system variations as well as to input and output 
measurement noise. 

When the speed of train is zero, the electric braking [1] 
effort become zero and then the holding brake can be applied. 
If the measured value of speed has an error and the holding 
brake is applied at non zero speed, following problems may 
arise. 

l. Passenger experiences jerking at the moment before the 
train comes to standstill. 
2. The train is unable to stop within a designated distance. 

To solve these problems it is important to know the speed in 
the vicinity of zero. While for jerk control, it is necessary to 
establish the error in speed and to correct this error. To 
achieve this goal it is proposed to use DC series motor in 
electric locomotive using fuzzy logic controller with extended 
range of dynamic braking. It is demonstrated through the 
simulation results that fuzzy logic controller [3] is superior to 
conventional controller among several key parameter, 
including accuracy in stopping at platforms, rider comfort and 
energy conservation. Tests indicate that dynamic braking with 
extended range is capable in reducing the speed of locomotive 
to a minimum speed of 12 kmh without using any other 
braking system. The case study illustrated in this paper refers 
to the Indian railway system. 


U. DYNAMIC BRAKING 


The dynamic brake uses the electric motors of the traction 
power system to generate current during braking, which is 
absorbed into a resistor known as rheostatic braking. Ideally, 
the dynamic brakes should be used as much as possible to 
reduce wear on brake pads (or blocks) and there are often 
circumstances when the dynamic brake can provide all the 
braking required. During dynamic braking, the motor series 
field windings have no connection with the armature, the 
traction motor works as separately excited shunt generators. 
Twisting effort is provided by push of the train against the 
locomotives. These action turns the locomotive wheels through 
the motor axle gearing and this turn the traction motor 
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armature. The torque produced by the armature acts to resist 
the forward movement of the train. This results in the slowing 
down of train. The current generated by the motor armature 
during dynamic braking is dissipated through the resistance 
grid in the form of heat. To remove heat from the grid resistor, 
air is blown through blower motor. The rate of cooling of 
resistor grid through blower motor depends upon the amount 
of current generated by the traction motor during dynamic 
braking. 


A. Extended Dynamic Braking 


In this the driver remotely controls the braking system. The 
series field of all the traction motors is disconnected from the 
armature and gets connected across alternator rectifier output. 
The armature of these traction motors also get connected 
across braking resistor of 0.5 Q. In the locomotives equipped 
with dynamic braking, the maximum braking effort normally 
drops off rapidly at track speed below 26 km/h. Fig 1 shows 
the curve for the maximum braking effort vs. loco speed. In 
this figure the line AB corresponds to the constant traction 
motor current of 800 A, and is controlled by armature current 
control reactor. The armature current is less than the field 
current until the maximum braking effort is attained at point B. 
The maximum braking effort is limited by the adhesion factor 
of 17 %. The line BC shows adhesion limit. Beyond the 
maximum braking efforts, line CD corresponds to constant 
armature current of 800 A, and is controlled by excitation 
control. At higher speed, the line EF corresponds to the 
limitation of armature current to 600 A. It can be seen from 
above graph that the maximum braking efforts of 21 tones is 
available between speed 37-25 km/h. 


Braking Efforts in Ton 


24 






800 A armature current 


i 


0 20 40 60 80 100 
Loco speed in km/h 


Fig. 1 Extended dynamic braking 


It is evident that the maximum dynamic braking effort is 
available up to 25 km/h in loco and it decreases rapidly at 
lower speeds. In order to provide the higher braking efforts at 
lower speed the point B has to be shifted towards point B1 as 
shown in Fig. 2. This could be achieved by shorting out the 


portions of grid resistances. It could be seen from Fig. 2 that in 
the extended range, the maximum dynamic brake efforts is 
available from 37 to 12 kwh by shifting point B to B1. 


Braking Y 
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Fig 2 Loco speed in km/h 


B. Full Extended Braking Range 


To overcome the limitation of permanent shorting of grids, 
the grid resistances are shorted in stages and yield full dynamic 
braking. The existing dynamic braking of the locomotive is 
retained up to track speed of 26 km/h by using 0.5 Q grid 
resistance for each motor. Dynamic braking performance using 
extended range of dynamic braking for three stages is shown in 
Fig. 3 and illustrated as below. 


Braking Efforts m Ton 









0 400 Olunimotor 
800 Amps armature curreut # 


0 3123 Obnrvmotoi 


0 1875 Obm/motar 


Fig .3 Loco speed in km/h 


STAGE I; Maximum braking efforts is achieved with the 
existing resistance value of 0.5 0/motor. The normal dynamic 
braking with constant armature current is achieved with the 
existing system. The maximum braking effort is limited by the ` 
adhesion line BC between 26-37 km/h. 


STAGE II: At point G, the speed ıs around 23 km/h. Further 
increase in braking efforts 1s achieved by shorting 75% of the 
resistance of one grid. The total resistance of braking grid will 
now become 0.3125 ohm/motor. The grid current will be 
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limited to 800 A. 


STAGE IlI: At point H the speed is around 15 km/h. Further 
increase in braking effort is achieved by shorting one complete 
grid and 75 % of one grid/motor. The total resistance of 
braking grid will now become 0.1875 Q/motor. Braking effort 
would again rise and maximum braking effort could be 
achieved at point A at a loco speed of 12 kmh as shown in 
Fig. 3. 


IO. HIGH SPEED PROTECTION AND CONTROL 


In [7] automatic train protection (ATP) is used to prevent 
trains from speeding, i.e. train speed < maximum safe speed of 
the block. Tracks are divided into blocks, and only one train 
could occupy one block at a time. There is a maximum safe 
speed for each block, and it equals to the target speed assigned 
in the previous block, i.e., maximum safe speed for next block 
= target speed assigned in the present block. The basic rule is 
given by 


v,” =v*-2(D, +B, (1) 


where, v is the present speed of train, v, is the target speed, D, 


is the deceleration of the train on level track, B4 is braking - 


distance to reduce train speed from v to v, and / is the 
deceleration due to inclination of the track. Rearranging (1), 
the deceleration braking efforts is given by 


v? =y? 
D, = E | 2 
b | 2B, (2) 


However if the gradient is zero in (2), it will reduce as 
ne 
vo -y 
D, = ; 3 
j | 2B, | ©) 


IV. APPLICATION OF FUZZY LOGIC 


Use of fuzzy logic has avoided the knowledge [3] of a 
precise mathematical model of the system. The operation of 
fuzzy logic controller does not rely on the accuracy of the 
model, but on the rule base of fuzzy controller. 


A. Fuzzy Controller 


Fig 4 illustrates the operation of a fuzzy logic control 
system. The input to the fuzzy system is the output of the 
process, which enters via input interfaces. This input 
information would then go through the fuzzy logic process, 
where the processor would compare the input data to a 
database to obtain an output from the fuzzy logic processing. 

This involves the execution of IF-THEN rules [4]. An 
input’s grade specifies how well it fits into a particular graphic 
input data set. The output of a fuzzy controller is also defined 
by grades. These output grades determines the appropriate 
output value for the control element. 








i lalerface 





Fig. 4 Fuzzy logic controller 


B. Fuzzy Logic Control Components 
A fuzzy logic controller’s control process consists of three 
main components, or actions, that must be completed 
sequentially to determine the appropriate output value. These 
components are: 


e Input fuzzification 
e Rule evaluation or fuzzy processing 
+ Output defuzzification 


In this application, speed and distance are fed back to the 
fuzzy logic controller [8] via nonlinear saturator. This 
saturator allows to pass the input values within the specified 
ranges. The two input variables, i.e., speed and distance are 
allowed to pass the values between 0 to 100 km/h and | to 6 
km respectively. These ranges can be varied to specific 
requirement and will be fed to the system through relays. 
Relays are controlled by programmed module used with fuzzy 
logic controller. The controller is allowed to receive the input 
values within the maximum speed and above the minimum 
required speed, via gate controlled switches. Operation of 
these switches can be controlled through microprocessor based 
programmed module. Fuzzy logic controller output is 
connected to motor field circuit through signal conversion and 
power electronic switch as shown in Fig 5. Signal conversion 
block converts the input signal into equivalent voltage source. 
Power electronic switches are set to operate during braking 
operation only. 

It is found that fuzzy logic braking control is more effective 
since it is capable of providing required braking efforts to 
reduce the speed of locomotives from different speeds and 
barking distances to desired speed and braking distances. 
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Fig .5. Simulink model 


The braking distance is fuzzified into the four ranges, as 


very near (VN), near (N), far (F) and very far (VF). The 
membership function corresponding to braking distance is 
shown in Fig. 6. 
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Fig. 6 Fuzzification of distance 


Similarly, the range of speed is also fuzzified into four 
ranges as, very low (VL), low (L), high (H) and very high 
(VH). The corresponding membership plot is shown in Fig. 7. 


Membership Function 
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Fig. 7 Fuzzification of speed 


The output membership function are fuzzified into the four 
levels as, ATTENTION, ALERT, WARNING and REMOTE. 
The corresponding membership function plot is shown in the 
Fig.8. 
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Fig. 8 Fuzzification of output braking effort 


The rule-base relating fuzzified input and output is given in 
Table. 1. 
Table 1 Rule-base for fuzzy-controller 





C. Simulation Results 


The various simulation results are reflected in following 
tables. Table 2 shows the various stages of extended range of 
braking. Table 3 shows the braking comparison and braking 
results are shown in Table. 4, Table. 5 and Table. 6. 
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Table 2 Stages of extended range of biaking 


a i 
Km/h 
Before Transition | After Transition 
ohm 


ohm 
LA cA hs 


Tabie. 3 Braking comparison 
Types Of Dynamic Brake Speed Range Of Max Dynamic 
Braking Efforts 
Normal Dynamic Brake 37-26 km/h 
Extended Range Of Dynamic Brake | 37-12 km/h 


Table .4 Braking results of conventional control system 


Distance Braking Braking Voltage | 
(In Volts) 


Travelled Current 
250-300 




























(In KMs) (in Amps) 


500-650 





Braking Torque 
(In n.m) 


15x10 


Braking 
Current 
din 
Amp) 


~75x 10 





Distance 
Travelled 


(in km) 


Braking Torque 
(In nim) 


800-550 | 4.2.x 10°-2.8x 10 


900-620 | 68x 10° -3.0x 10 





V. CONCLUSION 


Simulation is carried out in MATLAB/SIMULINK for 
different speed and distance from 110 km/h to 12 km/h speed. 
These desired results may require increased requirement of 
braking torque and hence heat dissipation. This can be taken 
care of by blower fans connected to resistance grid. This work 
also considered the extended dynamic braking scheme, which 
has the enhanced braking torque characteristics. This scheme 
has the advantage of higher braking, torque at lower speed. As 
per the simulation conducted the max braking torque of 





6.8 x 10° Nm is obtained at 12 km/h speed. This paper 
concludes that the fuzzy logic controller used with extended 
range of dynamic braking, facilitate the action of pneumatic 
brake at lower speed say 12 km/h as compared to 26 km/h 
using conventional braking. This reduces the wear and tear of 
the traction wheels. 


APPENDIX 


The total six traction motors are mounted on each locomotive. Table 7 
shows the specification of DC series motor, proposed to ve used for 
locomotives. 


Table. 7. Specification of DC series motor 


Type Of Motor DC Series Motor 
| Model CHS 15250 A 
[Type — | Forced Ventilation 


Poles 


Minımum Field Strength 


PM 
-m 
















R 
Noof Pole oO 
Weight Of Armature | MONO Kg o o 
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Abstract - Needle insertion in soft tissue has attracted 
considerable attention in recent years due to its application in 
minimally invasive percutaneous procedures such as radio- 
frequency ablation and brachytherapy. It requires controlled 
insertion force for accuracy in percutancous procedure and also 
to provide tactile effect in robotic needle insertion. There can be a 
variety of force that act on needle, including friction, cutting 
forces/ internal stiffness and collisions with interior structures. 
The stiffness force is pre-puncture, and friction and cuttmg 
forces are post-puncture. It is difficult to maneuver the needle 
toward the target due to soft insertion site and slight deflection or 
uncontrolied movement can cause great trauma to the adjacent 
tissue. In order to overcome this, we have designed a MATLAB® 
based real time data acquisition system for reducing counter 
puncture of tissue or blood vessel. Finite Element Modeling of 
soft tissue deformation has also been performed using ANSYS 
8.0. Modeling experiments involved a linear elastic material with 
Young's modulus of 2.53 kPa and Poisson's ratio of 0.48 to 
indicate near incompressibility. A fast algorithm for interactive 
needle insertion with force feedback, without loss of model detail 
or degradation in global response has been developed. These 
needle mechanics measurements and simulations are of interest 
for the development of physically-based virtual planning and 
training systems that are aimed at reducing the incidence of 
complications in clinical practice. 


Keywords: Needle Insertion, simulation, modeling, 
percotancous intervention. 
I. INTRODUCTION 


Toa medical science uses many percutaneous 

procedures for minimal invasive surgeries, such as. radio- 
frequency ablation and brachytherapy. The real time data 
acquisition of the needle insertion three axis forces into soft 
tissue can help medical professionals to perform these 
percutaneous procedures using robotics i.e., using haptic 
interface. Most of the percutaneous procedure is performed in 
soft tissues, so the insertion need to be accurate, therefore we 
have designed a three axis force sensor to sense the force 
along all three co-ordinate axis on the needle while insertion 
and a robotic manipulator which can translate in three 
directions. To validate this, we have simulated the model of a 
soft tissue using ANSYS software. 
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If, EXPERIMENTAL SET-UP 


We designed a three axis force sensor for the measurement of 
triaxial force at the needle tip. The three axis force sensor was 
designed using piezoresistive strain gauges. The external 
casing was made of polymer. The strain gauges were attached 
to the crossed beam stainless steel cantilevers. Figure 1 shows 
the schematic diagram of the designed three-component force 
sensor with four strain gages (SI ~ S4). The tactile sensor size 
was 10x10cm with spatial resolution of about icm. The rated 
capacity of sensor for Fx, Fy, Fz components was 10N and the 
rated capacity of force sensor was 0.3N. Thickness of the 
membrane was kept as large as possible within the elastic 
limits of the membrane and sensing material for maximum 
sensitivity. Using the strain distributions at locations of strain 
gages, the solution of the decoupling method for obtaining 
three force components signals can be represented by 


For Fz loading, using strain gage signal S1, $2, $3 and S4, 


AV ,,=AV,, tAV,, tAV,,t+V,, (1) 
For Fx loading, using strain gage signal S1 and S3, 

AV ,,=4V,-AV,, ri (2) 
For Fy loading, in a similar way, . 

AV ,=4V,,-AV,, (3) 


Here AV means the change of voltage for strain gage. 





Figure 1: Schematic diagram of the three axis force sensor 


The cantilever structure was made by the thin stainless steel 
film with a size of 2cm X 3cm X 0.1mm and its Young's 
modulus was 240 GPa. The spring coefficient of the sensor is 
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estimated as 1600 N/m. If we install a glass tool (weight: 67 
mg), the resonance frequency of the sensor tip is estimated as 
730 Hz. We made four pairs of bridge circuits.. Here, V1, V2, 
V3, and V4 are output voltage in each bridge circuits, 
respectively. We calculate Vx, Vy, and Vz as follows. 


Vp, = Vs) + Veo + Vg + Vy (4) 
Vex = Vsi - Vs3 (5) 
Vey = Vg- Vs (6) 


The output voltage vector V is written as follows by the 
applied moments Mx and My, force Fz, and matrix C. 


{  V=CF (7) 
where, 
v-lV, Vy Vil 
F=|M, Mr F, 


Ca Cw Cu 
C=| Cy Cw Cr 
Cx Cr Cz 
Here, the compliant matrix C can be identified by a simple 
calibration experiment by measuring different kinds of toads. 
Then, the force on the tip ıs calculated by the following 
equation. 
Ft = MCV (8) 
where, 
F-lF. Fy Fl 
S ere i 
M = og 7 | 
where, I is the length of tool. 
We calibrated the complaint matrix by the experiment as 
follows: 


1.240 -0.058 0.543 
C=10,120 0.771 0.660 
0.013 0.001 0,621 


The three axis needle insertion manipulator [1] was designed 
to detect the actual position of the needle insertion i.e. the 
position of the vein and to measure the forces on a surgical 
needle during insertion into soft tissue. The needle insertion 
device has three powered (linear motion) axes. The z-axis 
motor drives a carriage up and down, so that it goes towards 
and away from the arm that is strapped in under it. This 
carriage is used to hold either a blunt probe (for finding a 
vein) on a syringe and needle combination. A single axis 
piezo-resistive force sensor is mounted on the carriage to 
measure the force on the probe or needle. The x-axismotor 
moves the carriage across the width of the arm. This enables 
the probe to press in a series of places along the width of the 
arm. The y-axis motor moves the whole robot along the Jength 
of the arm. This was designed to compensate for the slight 


difference between where the probe has identified a vein, and 


where the needle enters the skin, once the robot has been 
tilted. 


Software to control the robot was written in Matlab on a PC 
running Windows XP. This proceduré implemented a state 
machine, which had two phases: one to identify the position of 
the vein and a second one to insert the needle correctly. Safety 


issues were of high importance. The robot was designed so 
that the needle insertion motion was physically constrained so 
as not to push the needle beyond a maximum depth of 20 mm. 
Also, all the axes could be operated by hand in the event of a 
power failure. Various software devices were implemented to 
check the behavior of the robot and to default to a safe 
condition in the event of an error. 


Kinematics involved with the design of the force controller is 
explained in Figure 2. 


di 


hk —| Z 
Yo 
x3 
Figure 2: Kinematics of the three axis robotic needle insertion 
device. Where, a is the height of the fixed shaft in the robot. 
dı, d; and d; are the translational displacement in X, Y and Z 
direction respectively. 


Kinematics equation of the three axis robotic insertion device 
are given as below 


Zo = a— d; (t) (9) 
Yo =d: (t) (10) 
Xo =d; (t) (11) 


The computer controller consists of a host computer, motor 
drivers, amplifiers and filters, power and safety systems and 
necessary connection equipment. The software executes on a 
Microsoft Windows XP platform, Pentium (R) 4, 3.0 GHz 
processor based computer. The software for recording the 
insertion forces on the tissue is written in MATLAB. It is 
desirable to run the data collection at as fast a rate as possible 
in order to capture sudden changes in forces. A good rate for 
these experiments is 2 kHz because the puncture phenomena 
we want to capture occur at a slower rate. The control program 
is written using MATLAB® software. 


To operate the program, the following sequence should be 

followed: 

i. First enable the robotic manipulator, and adjust the force 
sensor to zero output voltage. The robotic needle insertion 
device is loaded with the imaging probe. 

ii. The device translate in the X direction using the stepper 
motor of that direction along the length of the tissue 
sample and then along Y axis using stepper motor along 
the breadth of the tissue sample to detect the position of 
needle insertion. 

iii. After the position of the needle insertion is detected the 
imaging probe is replaced by a bevel shaped needle. 

iv. Choose the linear motion of the needle (upward and 
downward) by connecting the stepper motor for the 
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external power supply and the control of the motor were 
done manually. 

v. Once the force transducer were started gathering the data, 
continues even if the motor stops the computer will 
display a force output. 


M. MODELING & SIMULATION OF SOFT TISSUE 


Theory of Finite Element Modeling (FEM): 

The FEM, which uses a numerical procedure to obtain a 
discrete approximation in both static and dynamic problems, is 
well suited to the solution of the governing equation 


d ð ðu, 

1 22 Ha: 1 Ài 2 À: — B merema 

C +H 5} Ho + Ai) + (U+ ra p T 
(13) 


where 4; and x; are the longitudinal and shear elastic modulus 
respectively, and 2, and yz are the longitudinal and shear 
viscous modulus respectively. 


Equations that govern the dynamic response of a medium are 
derived by requiring the work of the external vibration forces 
to be absorbed by the work of internal, inertial and viscous 
forces for small admissible motions. For a single element, the 
equilibrium equation for the harmonic vibration case is 
expressed as [2]: 


(-@*[m] + io[c] + [k]){d} = {r} (14) 

where [m], [c] and [k] are the element mass, damping and 
stiffness matrices respectively, {d} and {r} are the element 
grid displacement and force vectors respectively, œ is the 
angular frequency of vibration and I is the imaginary unit. The 
[m], [c] and [k] matrices depend on p, (22, 42), and (Ai, Hy) 
respectively. After assembly of elements, the governing 
equations in FEM are derived from equation (14) 


(-w° [M] + ioo[C] + [K]){D} = {R} (15) 
Where, [M], [C] and [K] are the assembled element mass, 
damping and stiffness matrices respectively and {D} and {R} 
are the assembled element grid displacement and force vectors 
respectively. 


In the case of harmonic vibration, the grid displacement and 
force are expressed as 


D=AdOr) R=B& Ow (16) 
where A and @ are the displacement amplitude and phase 
vectors respectively, and B and @ are the force amplitude and 
phase vectors respectively. After substituting equation (16) 
_into equation (15), the governing equations in the frequency 
domain can be obtained as 
- O `M +K 


~ ac Acos@; |Bcos ¢ (17) 
ac ~@?7M +K\||Asino| |Bsing 
Although Poisson’s ratio and the damping coefficient are also 
unknown, for the purposes they will be assumed to be 


constant. Values of Poisson’s ratio should fall between 0 and 
0.5, with v = 0.5 for an incompressible material. 


Based on measurements of stiess/strain relationships in soft 
tissue phantoms, we have chosen to ignore damping for the 
time being. Under conditions where œC is very small 
compared with —w’M + K, damping can indeed be ignored and 
equation (17) can be simplified to 


[-w'M + K]{A cos 0} = {B cos 6} (18) 
The basic principle behind the iterative approach is as follows: 
given an assumed Young’s modulus, solution of equation (18) 
will result in theoretical estimates of the vibration 
displacements, These are then compared with the measured 
data and Young’s modulus is iteratively updated until 
convergence within a specified constraint is achieved. The 
range of Young’s modulus values is given by Emn < E. < 
Emna, Where Emm and Emn are the minimum and maximum 
expected values, and E, 1s the estimated value. Typically, 
Young’s modulus for living soft tissue ranges from | kPa to 
200 kPa for strains of less than 5% [3, 4]. 
Defining, 
AA=% (A.~ Am and ssd= © (As — Ag)’ (19) 
AE = Ema ~ Emin 

where A, and Am are the estimated and the measured 
amplitude respectively, the steps of implementation are as 
follows: 


i. Initialize values of Emn and Emax. 
ii. Assume an estimated Young’s modulus 
E; = (Eman + Emax N2. 
iii. Solve equation (19) for amplitude, A., and calculate AA. 
iv. Update Emn and Emx in the following way: 
a. If AA > 0, then set Ema = Ee and keep Ena. 
b. If AA < 0, then set Emax = E, and keep Emm 
Repeat steps 2, 3 and 4 until AE/Ee < threshold or until M 
iterations. 


The threshold may be set to any value less than half the 
expected error and the maximum iteration number, M, is 
arbitrary. For the purposes of our work, the threshold was set 
to 2% and M to 13. 


IV. RESULTS 


Needle insertion consists of four events: initial puncture, 
insertion, relaxation, and withdrawal. 


The needle insertion procedure consists of six steps: 

i. Tissue compression: needle is inserted through soft tissue 
and pushes against the target membrane. 

ii. Membrane puncture: needle punctures the target 
membrane. 

iii. Insertion: needle moves deeper into the target. 

iv. Tissue settling: when the needle stops moving, the tissue 
settles to a stable state. 

v. Retraction: needle is removed. 

vi. Equilibrium: tissue returns to a stable state. 
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4 Duratec Sat 


help of ANSYS software. We have considered the Young’s 
modulus and Poisson’s ratio of the soft tissue to be 2.53 kPa 
and 0.48 respectively. These needle mechanics measurements 
and simulations are of interest for the development of 
physicaily-based virtual planning and training systems that are 
aimed at reducing the incidence oh complications in clinical 
practice 


(A) With Mesh FEM model of soft tissue using ANSYS: 


Figure 3: Force measured during needle insertion into soft i E, e 


tissue in puncture event in the first trial (45° inclined). 


In order to model the needle insertion forces accurately, it is 
necessary to separate the data into its components. Below 
Figure 3 and 4 shows various components of the force having 
the pre-puncture, puncture and removal phases of the needle in 
to a test vessel. 


The main event is designated by a peak in force after a steady 
rise, followed by a sharp decrease. Subsequent variations in 
the force are due to the friction, cutting forces/internal 
stiffness as well as collisions with the puncture of interior 
structures. The force data collected is a sum of stiffness, 
friction, and cutting forces. The stiffness force is pre-puncture, 
and the friction and cutting forces post-puncture. 


: _ First penatration 





Second 
penatration 


z y i 5 
Figure 4; Fz (axial) force measured during one insertion 
showing the various insertion events. 


The total force is thus represented by the following equation, 
rectal 2) = fortes (Z) + fincom(Z) + femme (Z) 
(7.1) 


3D Finite Element Model of the soft tissue 

Needie deflection and tissue deformation are major problems 
encountered for accurate needle insertion and attempts have 
been made in the present study to model them. Modeling of 
soft tissue deformation due to needle insertion has been 
studied earlier by several authors [5, 6, 7 and 8]. Modeling of 
soft tissue deformation due to needle insertion is done with the 





Figure 5: with mesh 3D FEM of soft tissue deformation due to 
needle insertion. 


Figure 5 shows the series of images obtained by FEM 
modeling of insertion of needle into soft tissue. The figure 
clearly shows the deformation of sample when a force of 
certain strength is applied on it. These results were then 
analyzed on the solid model of the tissue. Figure 6 shows the. 
tissue deformation on application of force over it. The change 
in color is due to the stress applied on the tissue. The red color 
indicates more deformation when compared with blue which 
is completely relaxed and normal. With this model we are able 
to tell exactly how the sample will behave on application of 
particular amount of force over it in specific time period. 
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(B) Without mesh 3D FEM of the soft tissue deformation due 
to needle insertion . : 


* * "+ * aim + a 
EH HE NG SO NN on A HD tS e aa 
- a m " 


o m pepa m e A ARE he E e 
orea t y i 
. "o - 7 Dar « ` 
oh rr el 
" ee | 


mig 
A Me A el Re SN AE YR Se res mt 
“1 L] =- p M "nP ‘an, D AA H 
a en Se a 
mee ren sinan’ 
< ł 


La Sd 
2 oe aA 


Z; *e A 
X an te . 
Rete eee Re 


+ 2 aA = 
ba = #5.: i : 
* of, Y hy 
> ES 7? = [3 
per 
et 





Figure 6: without mesh 3D FEM of Soft tissue deformation 
due to needle insertion 


Conclusion: 

During any surgical procedure it is necessary for a surgeon to 
carefully avoid the damage to adjacent tissues. Present study 
describes an automatic instrument (force feedback controlled) 


through which it may be possible to limit the amount of 
damage caused to the tissue involved as well as to adjacent 
tissues during any surgical procedure. This instrument 
provides real-time force measurement of needle insertion that 
can then be used to guide the needle. We have measured the 
forces of needle insertion on several synthetic vessels, having 
similar physical properties as soft tissues. Further, we have 
also modeled the needle insertion forces and also simulated a 
model of soft tissue deformation during needle insertion. This 
method requires measurement of forces during surgery 
especially the forces that surgeon applies to the vessel. This 
measurement can then be delivered to the surgeon to increase 
his awareness of the operating field. Further investigations are 
being carried- out in order to determine the most beneficial 
method of delivering the real-time data gathered by our 
instrument to the surgeon. Although this article only studied 
the vessel properties in a research setting, we see great 
potential for this instrument in the clinical application. 
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Abstract- Cerebral palsy (CP) is a group of motor problems and 
physical disorders that result from a brain injury or abnormal 
brain development that may occur during fetal growth, at the 
time of birth, or within the first 2 or 3 years of a child's life. Gait 
analysis of children suffering from Cerebral Palsy (CP) will be 
helpful for diagnosis as well as for proper evaluation of the 
treatment outcomes. This paper explains the use of Support 
Vector Machines (SVM) for automated detection and 
classification of children with CP using two basic temporal- 
spatial gait parameters (Stride length and Cadence) as input 
features. Dataset used for classification using SVM method 
consists of 68 normal healthy children and 88 children suffering 
from Spastic Diplegia form of cerebral palsy. SVM Classifier was 
able to classify the children groups with an overall accuracy of 
60% , Sensitivity 20%, Specificity 100%. Classification accuracy 
improved significantly when the gait parameters were 
normalized by the individual leg length and age, leading to an 
overall Accuracy, Sensitivity, and Specificity all close to 100%. 
Classifier's performance as functions of regularization and 
kernel parameters was also investigated. - 


Key words : Cerebral palsy, Gait, Support Vector Machines. 


1. INTRODUCTION 

ALKING, an important activity of daily living, is a 

mode of bipedal locomotion in which a period of 
double support, when both feet are in contact with the ground, 
is followed by a period in which the body is supported by one 
lower limb while the other is swung forward [1]. The pattern 
of how a person walks is called gait. Gait analysis ts routinely 
used in clinical settings for the assessment of walking 
performance. One such important application of gait analysis 
is in the assessment of cerebral palsy (CP) patients. 

Attempts to classify cerebral palsy children based on gait 
measurements have been primarily qualitative [2], [3] and are 
therefore of limited scientific relevance. Many treatments are 
designed to improve gait patterns in children with cerebral 
palsy (CP), but due to the heterogeneity of children with this 
diagnosis, evaluation of treatment effects tn this population is 
problematic [4], [5]. Therefore, the need exists for a 
quantitative, objective technique to clearly identify (or 
differentiate) subgroups of children with CP in order to assess 
the outcome of surgical or therapeutic interventions. 

Automated recognition and classification of the CP gait 
characteristics could offer many potential benefits, especially 
for the diagnosis, assessment and evaluation of the treatment 


outcomes. Support Vector Machine, which is a supervised 
machine classifier, provides the output values in the range “O 
to 1” (0 being normal and 1 pathological). Thus, the classifier 
output could be used to gauge the movement of the “overall 
performance” during an intervention within the spectrum of 
normal and pathological conditions. For example, during the 
course of a certain treatment / rehabilitation intervention, if the 
classifier’s output shift towards zero, then it would indicate 
that the intervention has improved the overall gait function of 
the individual by being closer towards the normal healthy 
group. ~ 

SVM is a relatively new machine-Jearning tool and has 
emerged as a powerful technique for learning from data and 
solving classification and regression problems [6]. This has 
been particularly effective for binary classification 
applications. Applications of the SVM in gait pattern detection 
and classification has been so far limited to the classification 
of young and elderly gait patterns [7] despite their 
demonstrated high success rates in other biomedical areas 
(e.g., [8]). In this paper, we explore the classification ability of 
SVM in normal and CP children using gait data provided by 
O'Malley et al. in [9]. 


If. GAIT DATA ACQUISITION AND NORMALIZATION TECHNIQUES 


Gait features used in this study for training and testing the 
SVM classifier were taken from the published gait data by 
O’ Malley ef al. (9). 


A Gait Measurement and Feature Selection 

The data set includes 88 children with spastic diplegia 
form of CP (age between 2 to 20 years, mean=9.9 years) and 
68 children of neurologically intact control group (age 
between 2 to 13 years) with no history of motor pathology. 

In their work [9], O’Malley et al. provided four feature 
values: Stride length, Cadence, Leg length and Age. In this 
work for classification purposes, we considered all four 
features but particularly interested in stride length and 
cadence. One of the main aims was to investigate how the 
normalization proposed by O’Malley et al. [10] on stride 
length and cadence, performs in distinguishing CP from 
normal children when applied to a classifier, iie SVM. These 
two features are particularly significant as they are considered 
to. be the fundamental gait parameters [11]. These are also 
found to be more sensitive indicators of the degree of motor 
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involvement among children with CP than other 
parameters, such as kinematics focused on single joints [12]. 
These features are statistically independent when normalized 
by the respective leg length and age, and are easy to interpret 
as well as clinically useful [9]. 


B Normalization of Gait Data 

One of the major difficulties in using the temporal- 
distance parameters to differentiate gait patterns in children is 
the effect of age and leg length [13]. In order to have a 
reasonable number of samples, it is necessary to collect data 
from children of many different ages and leg lengths and 
therefore a proper normalization technique is required. One of 
the advantages of this technique is that it allows the 
normalization of a data set using a model based on the data set 
itself or a model based on a reference data set. Here, there are 
two data sets, 68 neurologically intact children in a control 
group and 88 children with CP. The control group was 
normalized using a model based on themselves. The children 
with CP are normalized using the model for the control group. 
Using this approach, any trends in the neurologically intact 
children for leg length and age are removed. For the children 
with CP any trends that would be expected in a neurologically 
intact population are removed, thus leaving any pathological 
trends [14]. This would not be achieved if the children with 
CP were normalized using a model based on themselves. 

For the control group, stride length was normalized with 
respect to leg length according to 

NSIy=SLN (og +apLly +a (LIN)? + +a LIN)“ )+ SLN (1) 

where NSLy is the normalized stride length of the control 
group children, SLy is the stride length of the contro! group 
children, LLy is the leg length of the control group children, ao 
Bis Dies a, are the parameters of the k™ order polynomial 
model which describes the stride length/leg length relationship 





for the control group children and SL, is the average stride 


length of the contro! group children. For children with CP the 
stride length was normalized with respect to leg length 
according to 

NSICp=SLep—(ap +a) Licp+axLicp)?+. +a, Lip) +Sty (2) 
where NSLep is the normalized stride length of the children 
with CP, SLep is the stride length of the children with CP and 
LLe is the leg length of the children with CP. For the control 
group children cadence was normalized with respect to age 
according to 

NCADN=CADY (hy + AGE +h AGE + +h (AGES) + CARY (3) 
where NCADw is the normalized cadence of the control group 
children, CADy is the cadence of the control group children, 
AGEy is the age of the control group children, bo, bi, by, ...... 
by are the parameters of the k™ order polynomial model which 
describes the cadence/age relationship for the control group 


children and CAD,, is the average cadence of the control 
group children. 





For the children with CP, cadence was normalized with 
respect to age according to 

NCADcp =CAD¢p -ibg +b, AGECp +b3(AGEcp)?+ +b (AGECp)*)+CADN (4) 
Where NCADo Is the normalized cadence of the children with 
CP, CADe is the cadence of the children with CP and AGEep 
is the age of the children with CP. 


C Testing a Classifier 

Once a binary classifier is trained with the known gait 
data and the corresponding target associations (CP children=1, 
normal children=0), response to an unseen gait data from a 
new subject can be interpreted to belong to one of the 
categories. The following three measures (accuracy, 
sensitivity, and specificity) [15], [16] were used to assess the 
performance of the classifter: 








Accuracy ==> * 1N_x100% (5) 
TP +FP+TN +FN 
TP 
Sensitivity = x 1009 6 
ensitivity PLTN % (6) 
, TN 
Specificity = x1009 7 
Pe TN + EP % (y 


Where TP is the number of true positives, i.e the classifier 
identifies a CP gait that was labeled as CP;'TN is the number 
of true negatives, i.e., classifier identifies a normal! gait that 
was labeled as normal; FP is the number of false CP 
identification; and FN is the number of false normal 
identification. Accuracy indicates overall detection accuracy 
for both normal and CP gait patterens. Sensitivity is defined as 
the ability of the classifier to accurately recognize a CP gait 
pattern whereas Specificity would indicate the classifier’s 
ability not to generate a false detection. 


LU. MACHINE CLASSIFIER: SUPPORT VECTOR MACHINES 


It belongs to a category of universal feedfordward 
network which is a linear machine introduced by Vapnik. The 
Support Vector Machines (SVM) is an approximate 
implementation of the method of structural risk minimization, 
The SVM can provide a good generalization performance on 
pattern classification problems despite the fact that it does not 
incorporate problem-domain knowledge. This attribute is 
unique to SVM [17]. i 

SVM can be used for the classification of both the linearly 
seperable amd nonseperable patterns. Support Vectors are 
those data points that satisfy the following equation precisely 
even if E&,>0. 

di(WTX; +b) >1-E,,i = 1,2,....N (8) 
where X, is the input vector ,W is an adjustable weight vector, 
f&J" i is the set of nonnegative scalar variables and b is the 
bias. 

The tdea of SVM hinges on two mathematical operations 
namely : 
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|. Nonlinear mapping of an input vector into a high- 
dimensional feature space that is hidden from both 
the input and output. 

2. Construction of an optimal hyperplane for separating 
the features discovered in step1. 


T 


Fig. |. Nonlinear Mapping ‘¥(.) from the input space to the 
feature space. 


Operation | is performed in accordance with Cover’s theorm 
on the separability of patterns. Consider an input space made 
up of non-linearly separable patterens.Cover’s theorm states 
that such a multidimensional space may be transformed into a 
new feature space where the patterens are linearly separable 
with high probability, provided two conditions are satisfied. 
First, the transformation is non-linear. Second, the 
dimensionality of the feature space is high enough. These two 
operations are embodied in operation 1. 

Operation 2 exploits the idea of building an optimal 
separating hyperplane. The separating hyperplane is now 
defined as a linear function of vectors drawn from the feature 
space rather than the original input space. 


IV. EXPERIMENTAL RESULTS 


The performance of the SVM is infuenced by 
regularization parameter and also the parameters that defines 
the SVM kernel functions. Analysis was conducted for values 
of regularization parameter (C) from 10* to 10° and 
parameters of the kernel functions namely Radial Basis 
Function (RBF) kernel and Linear Kernel. The SVM was 
implemented using SVM Torch developed by Vapnik. 

In order to improve the performance of the SVM for 
classification, raw data (stride length and cadence) was 
normalized using the leg length and age. The polynomial 
coefficients used for normalization were adopted from [9]. 
a = 0.28 m, a; = 1.31 m, SLN = 1.02 m, bọ = 174.07 
steps/min, b; = -7.04 steps/min.yr, ba = 0.22 steps/min.yr* 
and CADN = 136.84 steps/min. 


Table 1. Overall Accuracy, Sensitivity and Specificity of SVM 
classifier for various kernel functions. 
Kernel Stride 
length and 
Cadence 


Stride length 
and Cadence 
(Normalized) 
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V. DISCUSSION 


The present paper is aimed 1) to know whether SVM can be 
used as a machine classifier to distinguish the CP data from 
that of normal children using the SVM Torch developed by 
Vapnik; 2) the effectiveness of the polynomial normalization 
proposed by O’Malley et al. [10] was also tested to know 
whether the performance of the SVM improves with the 
normalization of the raw data. Results of this analysis suggest 
that SVM is capable of classifying the children with CP with 
significantly high accuracy rate (nearly 100%). 
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Abstract— In the present work, attempt has been made to develop 
a single channel computerized LElectrocardiogram (ECG) 
recorder for the extraction of the relevant paramefers of the ECG 
signal using Digital Signal Processing (DSP) based peak detection 
algorithms. The relevant parameters identified are P, Q, R, S and 
T peaks. From the corresponding sample number of those peaks 
the durations PR ,QRS, ST, PT, TT, PQ, QT, RR intervals and 
heart rate are determined to get the details of the ECG. 

In this analysis, tachogram is also obtained and from the 
tachogram the power spectral components in the low frequency 
range (0.03Hz to 0.15 Hz) and high frequency range (0.18 Hz to 
0.4 Hz) are extracted for the determination of the frequency 
domain heart rate variability parameter, the well known low to 
high frequency power (LE/HF) ratio to get an estimation of the 
cardiac autonomic function. The data acquisition and the entire 
signal processing are done on MATLAB?® platform. To carry out 
this study, electrocardiographic signals of 25 cases have been 
considered. This technique gives the details of ECG signal for fast 
interpretation. 


Key words— Digital Signal Processing (DSP), 
Electrocardiopram (ECG), Low to high frequency power 
(LE/HF) ratio, Single channel computerized Electrocardiogram 
(ECG) recorder, Tachogram. 


I. INTRODUCTION 


LECTROCARDIOGRAM (ECG) is a graphic recording of 

the time-variant voltages produced by the 

myocardiogram during the cardiac cycle. Fig. 1 below 
shows the waveform of the normal electrocardiogram [1]. 

The relevant parameters of the Electrocardiogram, P, 

QRS and T waves reflect the rhythmical electrical 


depolarization and repolarization of the myocardiogram 


associated with the contractions of the atria and ventricles. The 
shape and duration of each feature of the ECG are significant 
diagnostic parameters. The normal values for amplitudes and 
durations of important ECG parameters are available in 
literature [2]. 

Heart rate is another important diagnostic parameter. The 
normal value of heart rate lies in the range of 60 to 100 beats 
per minute. A slower than this rate is called bradycardia and a 
rate higher than this is known as tachycardia [2]. 

The uneven space between the cycles indicates an 
arrhythmia. If the PR interval is greater than 0.2 sec, it 
indicates blockage of the AV node. If one or more features of 
the ECG are missing, a heart block of some sort might be 
indicated [2]. 





Fig. 1: Electro-conduction system of the heart and resulting 
ECG waveform 


Analysis of both the spacing of the deflections and the 
morphology can diagnose malfunctions of specific parts of the 
heart and some diseases. The ECG pattern under the normal 
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condition of the human heart shows a periodic nature with R 
waves occurring at regular intervals of time. 

Real time detection of. QRS complexes is an important task 
in analysis of ECG signals. Problems which plague QRS 
detection include baseline shift, power line interference, 
muscle noise and other artifacts. The literature [3] reported 
several different methods to perform this task. A more detailed 
overview of current techniques and comparisons of them are 
reported in the literature [4]. The most common techniques are 
thresholding, transformations and morphological approaches. 

Heart Rate Variability (HRV) is a cardiac measure that can 
be derived from the ECG. It is studied for the estimation of the 
cardiac autonomic function. HRV seems to be a marker of 
both dynamic and cumulative load. As a dynamic marker of 
load, HRV appears to be sensitive and responsive to acute 
stress. Under laboratory conditions, mental load-including 
complex decisions and public speech tasks have been shown to 
lower HRV. As a marker of cumulative wear and tear, HRV 
has also been shown to decline with the aging process. 
Although resting heart rate does not change significantly with 
advancing age, there is a decline in HRV, which has been 
attributed to a decrease in efferent vagal tone and reduced 
beta-adrenergic 1esponsiveness. Regular physical activity has 
been shown to raise HRV, presumably by increasing vagal 
tone. 

Reduced HRV has thus been used as a marker of reduced 
vagal activity. However, because HRV is a cardiac measure 
derived from the ECG, it is not possible to distinguish reduced 
central vagal activity from reduced peripheral activity [5]. 

Heart rate variability represents one of the most promising 
markers. The apparently easy derivation of this measure has 
popularized its use. As many commercial devices now provide 
automated measurement of HRV. the cardiologist has been 
provided with a seemingly simple tool for both research and 
clinical studies [6]. 

Non-linear properties of the R_R interval sequence have 
also attracted significant attention and are being studied by 
several different groups of specialists who have the possibility 
of combining the input from advanced mathematical theories 
and data from physiologic and clinical studies [7]-[8]. 

Clinical relevance of heart rate variability was first 
appreciated in 1965 when Hon and Lee [9] noted that fetal 
distress was preceded by alterations in inter-beat inte: vals 
before any appreciable change occurred in the heart rate itself. 
Sayers and others focused attention on the existence of 
phystological rhythms imbedded in the beat-to-beat heart rate 
signal {10]-[13]. 

During the 1970s, a number of simple bedside tests of short- 
term RR differences were reported to detect autonomic 
neuropathy in diabetic patients [14]. The association of higher 
risk of post-infarction mortality with reduced HRV was 
reported in literature in 1977 [15]. In 1981, power spectral 
analysis of heart rate fluctuations were reported to 
quantitatively evaluate beat to beat cardiovascular control 
[16]. These frequency domain analyses contributed to the 
understanding of the autonomic background of RR interval 
fluctuations in the heart rate record [17]-[18]. The clinical 
importance of HRV became apparent in the late 1980s when it 


was confirmed that HRV was a strong and independent 
predictor of mortality following an acute myocardial infarction 
{19]-[21]. With the availability of new, digital, high frequency, 
24-hours multi-channel electro-cardiographic recorders, HRV 
has the potential to provide additional valuable insight into 
physiological and pathological conditions and to enhance risk 
Stratification. 


Il. EXPERIMENTAL SET-UP 


The experimental set-up used in our work included an ECG 
amplifier interfaced to the PC by means of windows 16-bit 
sound card. The ECG electrodes were connected to the subject 
in lead-I configuration. The data acquisition and the entire 
signal processing were done on MATLAB® platform. The 
sampling rate was set at 200sps. In this paper, DSP based peak 
detection algorithms were utilized for the identification of the 
relevant parameters like P, Q, R, S and T peaks. From the 
corresponding sample number of those peaks the durations PR 
QRS, ST, PT, TT, PQ, QT, RR intervals and heart rate were 
determined to get the details of the ECG. 

In this work, tachogram was also obtained and from the 
tachogram the power spectral components in the low 
frequency range (0.03Hz to 0.15 Hz) and high frequency range 
(0.18 Hz to 0.4 Hz) were extracted for the determination of the 
frequency domain heart rate variability parameter, the low to 
high frequency power (LF/HF) ratio. Thus all the parameters 
obtained from this work would give the details of the ECG for 
fast interpretation. ECG signal captured through the data 
acquisition system 1s shown in Fig. 2. 


y 


BCG of a hentiy euhinot at roet 





Fig. 2: ECG Signal captured through the data acquisition 
system 


I. DATA ANALYSIS AND RESULTS 


We have used DSP based peak detection algorithms for the 
identification of the relevant ECG parameters. The data 
acquirement and the entire signal processing were done on 
MATLAB® platform. The sampling rate was set at 200sps. 
The compact form of the computational methodology is shown 
in the Figure 3. 
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Figure 3: Compact form of the methodology 


Using the above technique, the relevant peaks and time 
durations of ECG signal have been successfully computed. 
Identified peaks and obtained time durations, are tabulated in 
Table 1 and 2 respectively as sample results. 


Table I: Peaks identified from the recorded ECG for obtaining 
the trme-durations 
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Table Il: Time durations obtained from the recorded ECG 


00695 
G 0811 
0.0160 

0.027 


0.1150 00561 02100 03589 0.9917 07700 00860 60.0273 0.21885 
01404 00529 02216 03910 O9515 0.2742 0.1162 63.1001 
0.1552 00564 0221 04054 0.9184 02784 0.1273 654843 


0.1500 00529 0.2297 04066 07940 0.2828 0.1233 76.4505 
01300 0.0564 0.2235 03818 09190 0.2798 0.1023 65.694 
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TV. CONCLUSION 


The purpose for the identification of the peaks in the present 
study is to locate the corresponding sample number for finding 
the intermediate time-durations between the peaks. These time 
durations as obtained from the present work matches well with 
the standard results reported in the literature. From the present 
study RR intervals have been obtained and these are utilized 
for the determination of the LF/HF ratio which is a well known 
indicator of HRV which in turn gives an estimation of the 
cardiac autonomic function. Thus, the present work is an 
approach for the development of Single Channel 
Computerized ECG Recorder which can identify and extract 
the relevant parameters from the ECG signal to give a fast 
indication about the status of the signal. 
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Abstract-—Transient evoked otoacoustic emissions (TEOA Es) are 
low intensity acoustic signals produced by the movement of outer 
hair cells on the organ of corti in the cochlea, when the auditory 
periphery is stimulated by acoustic click or tone burst. The aim of 
this study is the experimental evaluation of TEOAE responses 
from neonatal to adult subjects and to find the influence of 
stimulus parameters, subject characteristics and spontaneous 
otoacoustic emissions (SOAEs) on TEOAE responses. TEOAE 
responses are recorded from 43 hearing subjects using OAE 
measurement setup. SOAEs are also measured immediately after 
TEOAE recording. Both linear and nonlinear techniques are used 
for recording TEOAE responses. Digital signal processing 
techniques are applied for the analysis of TEOAEs in the 
presence of noise and stimulus artifact and in extracting 
information from OAE recording. The signal to noise ratio (SNR) 
of the recorded microphone signal is very low and therefore 
signal averaging is used for improving SNR. The nonlinear 
technique is applied to reduce stimulus artifact. TEOAE 
responses are analyzed under different stimulus parameters and 
SOAEs. The presence of SOAEs affects both spectra and level of 
TEOAE responses. Both car side and gender difference are also 

affected the TEOAE response. Measuring of TEOAE is 
` noninvasive. By analyzing the properties of TEOAE responses it 
is possible to find subjects suffering from noise induced hearing 
loss, to estimate the influence of ototoxic drugs to hearmg and 
hearing screening. 


Key words—Hearing screening, SOAE, Stimulus, TEOQAE. 


I. INTRODUCTION 
I 1978, Dr. David Kemp demonstrated that a healthy cochlea 
generated very low levels of acoustic emissions during the 
normal hearing process; such emissions are referred to as the 
otoacoustic emissions (OAEs) [1] and acts like active positive 


feedback signals within a healthy inner ear. Outer hair cells 
(OHCs) of the organ of corti in the cochlea are thought to be 
the active source in the generation of this energy. The 
generated signal propagates through middle ear and into ear 
canal, where they can be measured with sensitive microphone 
placed in the outer ear canal. One of the most attractive 
features of OAE’s is their tight relation to the cochlear status: 
OAEs are universally present to various degrees in all healthy 
cochlea, where as they are not generally observed or are 
greatly reduced in ears with mild hearing losses. This aspect 
together with the extreme facility to perform the test and the 
high reproducibility had made the OAEs an increasingly 
widespread application in diagnosis of hearing impairments. 
OAEs are classified according to the type of acoustic 
stimulation to induce them. SOAEs are narrow band and low 
level signals which are produced without acoustic stimulation 
and appears in about 30 to 70% of normal hearing ears [2]. 
Fig. 1. shows the typical SOAE waveform recorded from 
normal hearing human ear. The spectrum of SOAE shows 
typically one or more pure tone like signals, at frequencies 
which are reported to be very stable over the time while their 
amplitudes may change. SOAEs are generally not observed in 
frequency regions with sensorineural hearing loss exceeding 
30 dB. Majority of SOAEs from adult ears fall within the 
frequency region 1 KHz to 2 KHz with mean amplitude -3 to 0 
dBSPL, which probably reflects the contribution of middle ear 
resonance characteristics. Multiple SOAEs from a single ear 
are common, and female subjects are more likely to have 
multiple SOAEs than male subjects. Distortion product OAEs 
(DPOAES) are produced by simultaneous stimulation with two 
primary tones at frequencies fl and f2 (f2 > f!) and most 
prominent distortion product is cubic difference tone at 2f1-f2 
with the frequency ratio f2/f1 which is chosen to be 1.22 [3]. 
TEOAE responses are generated by movement of outer hair 
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cells on the organ corti, when the auditory periphery is 
stimulated by acoustic click or tone burst. TEQAEs are present 
in 100% of normal hearing subjects, but are usually absent or 
reduced ın ears with mild hearing loss [4]. 

20 


Amplitude (dB SPL) 


35 45 


40 
Frequency (kHz) 

Fig. | Example of SOAE recorded from normal hearing human 

car. 

The primary value of TEOAE is that their presence 
indicates the preneural cochlear receptor mechanism responds 
sound in normal way. Various studies confirm the fact that 
TEOAEs are generated only in subjects with hearing level 
(HL) better than 20-40 dBHL [5]. The TEOAE is separated 
from the stimulus artifact by the time delay due to different 
travelling time for the direct coupled stimulus compared to the 
travelling time for the stimulus to reach into the cochlea and 
for the responding emissions to reach the microphone, The 
stimulus used are either impulse (duration 801s), considered as 
broad band stimulus (click evoked OAE) or short tone bursts 
which are considered as narrow band stimuli. Broad band 
stimuli activate a large part of the basilar membrane and that 
the OAE response reflects outer hair cell activity from all 
activated parts of the basilar membrane simultaneously (6]. 
Frequency analysis of the response is assumed to give selective 
information about the functions of the outer hair cells (OHC) 
at different parts of the basilar membrane [7]. Narrow band 
stimulus activates more selective parts of the cochlea. TEOAE 
typically exhibit a non stationary, frequency dependent 
behaviour in which high frequency components occur at short 
latencies where as low frequency components occur at longer 
latencies [8]. Time frequency analysis has recently been 
considered for analyzing the non stationary, frequency 
dependent behaviour of TEOAE signals employing techniques 
such as Wigner-Ville distribution or wavelet transform. The 
aim of this study is the experimental evaluation of TEOAE 
responses from neonatal to adult subjects (both norma! and 
hearing impaired) and to find the effect of stimulus parameters 
and SOAEs on TEOAE measurement for diagnosis of hearing 
impairment and hearing screening. This work is an extension 
of authors earlier work [9]. 


Il. MATERIALS AND METHODS 


A. TEOAE Measurement System 


The schematic of computer based TEOAE measurement 
system is shown in Fig. 2. which includes a computer, DSP 
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system and a probe, The TEOAEs are collected by a probe that 
is sealed in the ear canal. The probe consists of a miniature 
microphone and a speaker. The speaker is used to present 
acoustic stimulus to elicit TEOAEs. The digital signal 
processing system in the instrument generates a series of clicks 
through a digital to analog converter (DAC). These tones are 
presented to ear via speaker tube located in the probe. A 
microphone in the probe measures the sound in the ear canal 
and transmits the conditioned signal to analog to digital 
converter (ADC) [10]. 









Filter/Amplr 


Fig. 2. Schematic of computer based TEOAE measurement system. 


The digital signal processing system uses FFT to filter the 
signal into narrow frequency bands and detect any emission 
present. The level of these emissions can be compared with the 
level of noise. The sound pressure level (SPL), frequency of 
the test tones and the averaging time used to process the 
signals can be determined by the tester through the adjustable 
setting maintained in memory within the OAE instrument. The 
click stimulus is constituted by an electrical pulse with 80us 
duration which is fed to the speaker. The stimulus is presented 
at a rate of 50 Hz, leaving a 20 ms recording time between 
each stimulus time. 






(Mic & Speaker) 


B. TEOAE Response Acquisition and Analysis 


A total of 43 (26 normal and 17 hearing impaired) TEOAE 
responses are recorded and analyzed using the methods 
proposed by Kemp [5, 11]. In non linear measurement 
technique uses four stimuli consisting of three identical clicks 
and a fourth click of opposite polarity and three times the 
amplitude of each of the preceding click. The four responses 
are summed to subtract the linear components and produce non 
linear components of OAE response, which is shown in Fig. 3. 


Fig. 3. Illustration of the non-linear stimulus method. 
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The advantage of this non linear measurement technique is 
that it completely eliminates any component of the transient 
response that is not associated with non linear mechanical 
process within the cochlea. However, in the process of 
cancelling, the linear response part of the cochlear response is 
also eliminated. The linear measurement technique used four 
identical clicks of the same polarity and amplitude. Using the 
linear stimulus mode, linear and non linear components 
elicited from the cochlea are recorded. In the present study, 
both linear and non linear methods are applied consecutively 
for each of different click intensities from 40-80 dB SPL. 
TEOAE recording window is selected from 2.5ms to 20 ms 
with four time windows (2.5-5ms, 5-10ms, 10-15ms, 15-20ms) 
are evaluated. Repeated stimulation and averaging are used to 
improve the SNR. The time-frequency representations are used 
to analyze the relationship between frequency components and 
latencies [12]. SOAEs are recorded immediately after TEOAE 
recording without probe removal and stimulus. 


UW. RESULTS AND DISCUSSIONS 


The analysis of TEOAE have provided with many 
opportunities to explore details of auditory function. They 
have contributed to tremendous advances in the understanding 
of how normal and disordered systems function. Details of the 
TEOAE response characteristics from neonatal to adult (both 
normal and hearing impaired) subjects are collected and 
compared with ear dynamic characteristics. The proposed 
nonlinear stimulus mode effectively reduces the influence of 
stimulus artifacts; however, for higher click intensities, total 
elimination of artifact could not proved. Fig. 4. gives the 
TEOAE/Stimulus characteristics for different time windows of 


linear and nonlinear TEOAE modes. The wave shapes of both 


linear and nonlinear TEOAEs and corresponding 
characteristics showed a high inter subject variability. For time 
window >=10-15ms, there is no significant difference between 
two modes as shown in Fig. 4(b). For shorter time windows 
(2.5-5ms, 5-10ms), there is a clear reduction in TEOAE 
amplitude as shown in Fig. 4(a). 


TEOAE Lavel(in dBSPL) 





50 55 60 65 70 76 80 
Strmulus (in dBSPL) 


(a) 


| —#— 10-15ms LM 


TEOAE Levei(in dBSPL) 





50 55 60 65 70 75 80 
Stimulus (n dBSPL) 


(b) 


Fig. 4. TEOAE-Stimulus Characteristics for different time 
windows of linear mode({LM) and nonlinear mode(NLM) (a) 2.5- 
5ms and 5-10ms windows (b) 10-{!5ms and !5-20ms windows. 


From the analysis of TEOAE data from neonatal to adult 
subjects, it is found that TEOAE level of newborns are 
considerably larger than those obtained in normal adults as 
shown in Fig. 5(a). If subjects have sensorineural hearing loss, 
TEOAE responses are present at the higher level of stimulus, 
but not at the lower level as shown in Fig. 5(b). In normal 
hearing subjects, amplitude of TEOAE response decreases 
with an increase of age. 


20 
ieee 
10 
| 0 
ay, 50 60 70 80 
Stimulus Level (in dB) 





Stimulus Level (in dB) 


(b) 
Fig. 5. TEOAE input output function of (a) Normal newboms and 
adults(b) Children with sensorineural hearing loss: 10 yr old boy at 
| KHz and 5 yr old girl at 500Hz- (both having 40 dB hearing 
loss). 
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In neonates the presence of SOAE is often clemly evident in 
the TEOAE. TEOAE in neonates are about 8 dB higher in 
level than adults and their frequency spectra skewed toward 
higher frequencies. If an SOAE can be recorded from the ear, 
the TEOAE obtained from that ear is likely to be more robust 
than from an ear without SOAE. The prevalence of SOAE may 
be correlated with the finding that TEOAEs recorded from the 
children and adults are larger in woman than in men as shown 
in Fig. 6. and are larger in the right ear than in left ear. 





` Age in years 


Fig. 6. Average TEOAE response level! in hearing subjects grouped 
by age and gender. 


Fig. 7. demonstrates the variation of TEOAE latency with 
respect to stimulus frequency for different stimulus intensities 
(1) with 70dB and (2) with 80 dB stimulus. In normal hearing 
ears the latency of TEOAEs depend on frequency and intensity 
of the stimulus. In the time frequency analysis, TEOAE 
exhibited non stationary frequency dependent behavior, in 
which higher frequency components occur at short latencies 
where as low frequency components occur at longer latencies 
and latency decreases with increase of stimulus intensity level. 
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Fig. 7. TEOAE latency with respect to stimulus frequency 
for different stumulus intensities 


The outcome of the study that have designed to determine 
the cutoff levels of hearing that can be identified with 
TEOAEs are shown in Fig °8. 


<10 20 30 40 250 


Hearing classified in dB HL 


Fig. 8. Schematic representation of average pure tone results 
associated with percentage of TEOAEs present. 


When all hearing levels from 0.2 to 6KHz are better than 
20dBHL, TEOAEs are present 99% of ears. When all hearing 
levels from 0.2 to 6 KHz are poorer than 40dBHL, TEOAEs 
are absent in 100% of ear with peripheral hearing loss. 
TEOAEs are highly reproducible. The temporal and spectral 
properties of TEOAE are unique for each subject. The 
percentage of reproducibility is a. good measure for 
differentiating normal from impaired ears. The above data 
provide the basis for using TEOAEs in the identification of 
hearing loss in screening programs. For such purposes, an 
overall parameter, such as percentage of reproducibility, 
response level, or a combination of measures, are calculated 
from the TEOAE and used to determine the presence or 
absence of hearing loss. 


IV. CONCLUSION 


The measurement of cochlear function TEOAEs have 
proven to have high sensitivity and reasonable specificity for 
hearing impairment diagnosis, especially when used for infant 
screening. Hearing level and middle ear mobility are the 
controlling factors affecting TEOAE status. It ts a potential 
tool to predict the hearing problems. If those are detected at 
earlier period, the patient can be saved from impairment. 
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Abstract - Hematopoiesis is a complex process by which all the 
blood cells of the peripheral bluod are formed. With the advent of 
the molecnlar techniques, it has been shown that different 
biomolecules are activated in a coordinated and time dependent 
fashion for the development of different blood cells of specific 
lineage. Overall the proof has been done with the linear and 
isolated system. In recent times much emphasis is given to the 
quantification of system parameters. For understanding the 
dynamical process of any biological system it is important. But 
due to instrumental] limitations this becomes a difficult task. It 
has been shown that minor variation in the initial parametric 
value in the systems equation may cause a large deviation of the 
system output in the long run. This implies that the biological 
phenomenon is complex. Hence, translation to those molecular 
events to the clinical scenario seems impossible. Moreover, no 
generalized model is available in the literature, by which 
clinicians and patients can be benefited. Even the prediction from 
the dynamics at the morphological stages is not available. We 
have developed a systems model based on discrete equation and 
incorporated a stochastic component to it. Our model shows that 
minor variation as well as incorporation of a minor stochastic 
component to that model equation may exhibit different 
hematological diseases. Incorporation of the controllability 
criterion has an advantage in the assessment of different 
therapeutic outcome. This mathematical model reinforces the 
necessity of expert domain knowledge in translating the 
parametric value so that individual patient could be benefited. 
And we hope that this model will provide the necessary help to 
the hematologists In the assessment of different therapeutic 
options. 


Key words: Hematopoiesis, stochastic model, leakemia 
I. INTRODUCTION 


Hematopoiesis is a complex process of blood cells 
development. Different biomolecules viz., cytokines, cell 
signaling molecules. and transcription factors synergistically 
act to control different cell(s} viz., erythrocytes (RBC), 
leukocytes (WBC) and thrombocytes (platelets) development 
of the hematopoietic system [1]. Any alteration of these 
molecules may lead to development of hematological diseases 
(HD). As phenotypes of differentiated lineages reflect the sets 
of genes expressed therein as well as the receiving signals by 
the cytokines, therefore the black box modeling could have an 
implication in the understanding of hematopoietic dynamics 
[2]. Under normal condition, the cytokine erythropoietin 
(EPO) regulates the erythrocyte production by increasing the 
production of primitive erythroid precursors and finally an 
increase in the numbers of circulating erythrocytes that takes 
place some days later [3-4]. In the production of white blood 


cells, granulocyte colony stimulating factor (G-CSF) has been 
demonstrated to be very important [5]. Thrombopoietin (TPO) 
regulates platelet production, by controlling the production 
and maturation of megakaryocytes. These are platelet 
precursor cells that give rise to 1000 — 5000 platelets each [6- 
8]. 

Previously several mathematical models of 
hematopoiesis have been proposed. Different authors 
substantially identified different controlling variables whose 
alteration leads to the manifestation of HD. It has been shown 
that oscillations and delay in the stem cell compartment are 
important and drive several periodic HD [9-11] such as 
cyclical neutropenia (CN), periodic chronic myelogenous 
leukemia (PCML,), cyclical thrombocytopenia, and periodic 
hemolytic anemia. CN and PCML are of special interest as 
oscillations in all three cell lines occur with the same 
oscillation period [12]. Using GO stem cell model it was 
possible to explore the oscillations at the neutrophil level but 
not at the platelet level. Using integrated mathematical model 
it was possible to duplicate various features of CN. These have 
been addressed in the unified model of PCML and could be 
fitted well with the insertion of maturation delay time rather - 
than only in the proliferation phase of a single discrete cell 
line [13-14]. Based on the simulations, authors substantially 
argued that the critical model parameters include amplification 
rate in the leukocyte line, differentiation rate from the stem 
cell compartment into the leukocytic line and rate of apoptosis 
in the stem cell compartment. By using differential delay 
equation it has been shown that oscillation in CN is due to the 
slow periodic oscillations in the stem cell level [15]. With a 
decoupled model of stem cell, addition of stochastic 
perturbation with noise term(s) at the differentiation/ 
multiplication or apoptosis rate of stem cell level, it was also 
possible to introduce fluctuations in the cell number [16]. 

A four compartmental mathematical model has been 
developed by Michor etal, to understand the treatment 
dynamics of chronic myeloid leukemia [17]. RQ-PCR based 
data (of BCR-ABL) points has been fitted to the mathematical 
model for the evaluation of developing imatinib resistance 
mutation. In this approach quantitative evaluations as well as 
numerical estimates of the turn-over rates of leukemic 
progenitors and differentiated cells are possible. Authors also 
concluded that the treatment failure is due to harbouring of 
resistance mutations increase with disease progression as a 
consequence of increased stem cell burden and multiple drug 
therapy is suggested to be especially important for the patients 
who were diagnosed with advanced and rapidly growing 
disease. 
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However the models developed earlier are based on 
data that are difficult to get and its translation into clinical 
scenario is practically impossible. In recent times, different 
biological parametric estimation procedures including the RQ- 
PCR have been criticized by a section of the scientific 
community [18]. Firstly the limitation is at the instrument 
level, as majority of the instruments have the reliability of data 
within 15% of coefficient of variation (CV) [19]. Secondly, 
there is a large variation of a particular parameter even at the 
smaller population level and a very small perturbation at the 
initial factor may produce a large drift during a given time 
course [20]. Therefore, for prediction of a therapeutic outcome 
of a treatment strategy, it may not be possible to apply the 
population level data to the individual cases and hence, it 
requires a model which can translate the data into a cost- 
effective and easy to handle model. 
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Fig 1. Schematic representation of hematopoiesis. 


N. PROPOSED SYSTEM MODEL 


A. Hematopoiesis model formulation 

. Like others we have also assumed the unified model 
of hematopoiesis and examine the same model by adding a 
stochastic component to its different parametric variables. The 
model has been schematically presented in Fig 1. In the model 
It is assumed that stem cell(s) is/are differentiated into the 
precursor cells of three lineages namely, erythroid (pl), 
leukocytoid (p2) and megakaryocytoid (p3) lines. Precursor 
cells of each lineage then differentiated into the corresponding 
mature cells - RBC (b1), WBC (b2) and platelets (63). For 
simplification of the model, all sorts of precursor cells of each 
of the Imeage are being considered as only progenitor/ 
precursor cells. Thus this sort of model is a unidirectional 
model as described by others [13-14, 17] and thus, stem cells 
are being coupled with the cells of the peripheral blood. 
However in contrast to the previous models all parametric 
variables for simulation purposes are taken as the absolute cell 
numbers per cubic millimeter, the unit used in the 
conventional Neubauer hemocytometre chamber or by the ceil 
counter. We also considered the whole leukocytic lineages 


instead of only neutrophil lineage [14, 17). The parameters 
which are being considered in the model have been shown in 
Table |. . 


B. System equation 

The dynamical equation of the model is based on the 
difference equation. The system of equations is being iterated 
for 750 days. Hence the system equation of cells of any 
maturation stage (compartmentalization) can be written as: 


N(t)=(NU-1) + r(t-1)xN(t-1)) — (a(t-1)xN(t-1)) (i) 
N(th=(N(t-L) + r(t-1)XN(t-1) + dr(t-1) xN(t-1)) ~ a(t-1)xN(t-1) (2) 


Here N stands for number of cells at an instant of time t, which 
depends on the factors of multiplication rate (r), apoptosis rate 
(a) and also on the number of differentiated cells from the 
precursor cells. Both a and r are functions of time. However, 
for the stem cell compartment the factor of differentiation (dr) 
is a subtractive term. Equation (1) will be used when there is a 
time delay in differentiation. In the subsequent cellular stage, 
maturation of cells will be governed by Equation (1) when the 
precursor cells are in the process of differentiation and the 
moment differentiation is completed, it will be governed by 
Equation (2). Cells at the matured stage will not go through 
any further process of differentiation. 


C. Settings of Variables for the Hematopoiesis 

The values have been set taking into consideration 
the hematopoietic process for a normal individual and are 
presented in Table 1. The values of cell numbers are presented 
in terms of absolute cell number per cubic millimeter and 
multiplication rate (doubling time), differentiation rate, time 
delay in differentiation, apoptosis rate are all in number of 
cells per days. For setting of parametric values we have either 
directly used the data mentioned in the references (6, 11-15, 
17] or have made logical transformation of that data. With the 
setting of these values, the absolute cell number of different 
progenitor and mature cells in the peripheral blood remain 
almost static (Fig 2-3). From the study of the hematopoietic 
dynamics, the absolute number of total progenitors and mature 
cells could be evaluated at any time point. 


Im. ANALYTICAL STUDIES OF THE MODEL 


A. Identification of the sensitive parameter 

It is acknowledged that in different hematological 
disorders, parametric value changes. To identify the sensitive 
parameter and the impact of that parameter in the development 
of hematological disorder in the long run, simulation study 
would be helpful. Hence it is necessary to identify the 
influence of each parameter in the dynamics of the 
hematopoiesis. It is also acknowledged that in several 
hematological disorders different combinations of parameters 
may be altered. When diseases are identified there is a large 
deviation of the parametric mean in the diseased person in 
comparison to the normal. However, it is not known whether 
or not the minor variation in the value of different 
hematological parameters and their persistence within the 
system would influence the systems behavior even though the 
values are within the normal population variance. 
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Table 1. Parameters and value used for initialization in the 
model. After each parametric symbol r, a, dr and dt stands 
for multiplication rate, apoptosis rate, differentiation rate 
and differentiation delay time. 


Symbols used Value used for normalization 
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B. Stochastic variation. 

Any sort of biological observation is noisy and has 
been represented as the mean value with a variance. This is 
due to three reasons; one, non-homogeneous nature of the 
biological sample; two, variation due to the detection system; 
and thirdly, the experimental error. Conventional clinical 
testing consists of data at a discrete sequence of time but 
within two consecutive sequences of times the parametric 
value may have a large deviation from its mean value. The 


loss of these data may influence the systems output in the long 
run. Incorporation of minor stochastic component within 
standard deviation of the mean value of the parametric 
variable(s) gives the simulation study a more realistic flavor. 





Fig 2. Dynamics of progenitor cells for a normal individual as 
simulated with the parametric values mentioned in Table 1. 
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Fig 3. Dynamics of mature cells for a normal individual as 
simulated with the parametric values mentioned ın Table 1. 


IV. SYSTEM SIMULATION 


A. Identification of the sensitive parameter 

: The simulation study has been done using MATLAB. 
To test the systems sensitivity and influence of the parametric 
variables in the manifestation of different hematological 
disorders, rigorous simulation exercises have been carried out. 
The value of the variables has been changed within 10% of the 
setting values. Simulation results suggest that change in 
parametric values of peripheral blood compartment have 
almost no impact on the dynamics of the overall system. On 
the other hand, minor variations, even within the 10% of the 
mean value of any parameter in the bone marrow (immature 
cells) compartment have considerable impact on the overall 
system dynamics. In this compartment multiplication rate, 
apoptotic rate, differentiation rate have much influence on the 
systems dynamics within a shorter time period whereas, 
differentiation delay has influence for the longer time period. 
With the increase in the multiplication rate and differentiation 
rate the system response becomes unbounded in nature, while 
decrease in the apoptotic rate system shows the same 
behavior. With the reverse condition, systems may tend to 
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collapse. However, the absolute cell number of any 
compartment does not have any influence on the qualitative 
behavior in the system dynamics though the output has an 
increased number of cells. Change of value at the progenitors 
has the influence on that particular lineage. Experimentally 
stem cells number, multiplication rate, apoptosis rate can be 
measured but realistically, there is no direct way to measure 
the differentiation rate of cells particularly for in vivo. Number 
of differentiated cells can be calculated by subtracting the sum 
of number of apoptotic cells, multiplied cells and the quiescent 
cells from the total number of cells at any time point. However 
this approach may disrupt the existing system. To minimize 
the effect we normalize stem cells differentiation rate (sdr) 
with a calibration factor 0.0365. The number of the quiescent 
cells number can be absorbed with the multiplication rate, 
differentiation rate and its delay time. 


Table 2. Simulation with the random values of sr and sdr. 
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B. Mature cells 


Fig 4. Profile of the dynamics of immature and mature cells 
with a random value around the mean of value of sr = 0.065. 





Fig 5 Profile of the dynamics of immature and mature cells 
with a random value around the mean of value of sr = 0.0668. 


B. Stochastic perturbation 

As depicted in the previous section, change in the 
parametric value of the peripheral compartment has no 
qualitative influence in the system dynamics. Hence it ts 
important to study the effect of stochastic perturbation with 
the parameters of the cells present in the bone marrow 
compartment. In this study we have only considered the 
parametric influence of the stem cells. We have studied the 
system dynamics with a single random value of differentiation 
rate (sdr) at the stem cell level. Simulation study reveals that 
there is disruption of normal behavior in majority of the cases. 
Interestingly, with some values (e.g. sdr=0.0289), the bone 
marrow and peripheral blood compartment gets decoupled. 
With the addition of stochastic component around the mean 
value of multiplication rate (sr) at every time interval (Table 
2), a change in the system dynamics is noted. Simulation 
result shows that with the increase in the standard deviation 
around the mean value of the multiplication rate (sr), there is a 
more deviation in the system output from the normalized 
condition within a given interval of time (Fig 4, 5). This is 
noted particularly in the bone marrow compartment. 


V. CONCLUSION 
Simulation studies suggest that persistence of one of 


the parametric values with a minor shift 1s able to produce 
pathophysiological shifting in the hematopoietic system. Our 
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simulation study indicates that occurrence of different 
hematological disorders may be due to the minor shifting of 
parametric value particularly at the immature cell stage. In 
reality, it is not known whether that value may persist for 
longer interval of time for the manifestation of the disease 
phenotype. Moreover there is large variation of biological data 
at the individual level as well as due to instrumental limitation. 
This may also increase the chance of erroneous prediction 
about the system dynamics by the conventional way of data 
collection. Definitely increasing the amount of data collection 
in a given interval of time can minimize that sort of 
uncertainty. Together with this, there is a need for the 
development of instruments having higher sensitivity. 
However both the approaches may increase the therapeutic 
cost. Cost can be minimized by observing the data for a 
shorter period of tıme and fitting it to the mathematical model 
with a proper calibration factor to predict the system 
dynamics. 

Our study also indicates the fact that with the 
available instrumental facility it is very difficult to translate a 
low level data for prediction at the gross morphological 
/functionality. Hence this study reinforces the requirements of 
the cxpert domain knowledge for the setting of proper 
calibration factors. In disease cases increment in the 
subtractive terms or multiplication and /or differentiation 
terms may produce control. Hence the specific therapeutic 
drugs which may alter these factors can be tested through this 
model. Thus, it helps the hematologists to assess any specific 
mode of therapy after application of that therapy for a shorter 
interval of time to judge the therapeutic outcome for the long 
run. Incorporation of controllability and stability criteria 
would enhance this sort of judgment. 
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Abstract—Nowadays cardiovascular diseases are one of the 
leading causes of death and noninvasive measurements for 
assessing these diseases would be highly valuable .The objective 
of this work is to design a signal generator that provides 400 mW 
power to the antenna. The operating frequency is chosen as 
1.15GHz. 


Key words-—Circulator, Directional coupler, RF oscillator. 


I. INTRODUCTION 


HE term noninvasive implies a medical procedure which 

will not penetrate or break the skin or a body cavity. 
Remote measurement of breath and heartbeat is desirable in 
many situations, such as detection of people and parameters 
of their movement inside the building in process of law 
enforcement and antiterrorist operations, at the airports as a 
remote lie detector, touch less measurement of heartbeat and 
breathing of patients when a contact sensor for some reasons 
cannot be used. 

The study about wireless detection of breath and heart rate 
has been started from 1975 and almost all the earlier works is 
based on Doppler Effect [1] ,[7] -[10] , but found to be less 
sensitive. The proposed work is based on scattering principle 
and is more sensitive than the system based on Doppler 
Effect. i 

In order for the RF beam to have enough penetration the 
frequency of the wave found to be in L or S band. For this 
reason frequency of operation is selected as 1.15 GHz and the 
power is optimized as 400mw.The system will provide a 
range of 10 feet. 
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H BLOCK DIAGRAM DESCRIPTION 


The system consists of 

1) Signal generator. The signal generator will provide 
400mw power to the transmitting antenna and 40mW power 
to the null balance system. 

2) Transmitter and Receiver section: This section consists 
of two separate antennas for transmitting and receiving. Patch 
antennas can be used for this purpose. 

3) Null Balance System: The Null balance system is for 
removing the clutter present in the received signal. It consists 
of Digital Phase shifter ,Digital attenuator ,and an interface 
control. This interface control will produce a signal to 
cancelling out the clutter present in the received signal, after 
analyzing it. This signal is used for controlling the power 
output from the signal generator circuit. 

4) Signal Extractor: The signal extractor includes a mixer 
circuit, RF amplifier circuit and a low pass filter to extract the 
heartbeat signal. 





Fig. | 


HI. THEORETICAL BACKGROUND 


The basic principle of the system is to illuminate the 
human subject with a low intensity RF signal and then the 


Proceeding of International Conference MS’07, India, December 3-5, 2007 


scattered signal is collected using receiving antenna. 
Heartbeats or respiration affect the amplitude and phase of the 
scattering field. So the received signal consists of amplitude 
and phase modulation of the heart movement to the scattering 
field. From this heartbeat signal is extracted. All the above 
phenomena can be explained consistently by combining the 
Amplitude Modulation (A.M.) and Phase Modulation (P.M.) 
theory, instead of Doppler Effect or only a simple phase 
modulation. In physics, Doppler effect denote the apparent 
variation in frequency of any emitted wave, such as a wave of 
light or sound, as the source of the wave approaches or moves 
away, relative to an observer, as well as the wave reflected by 
a moving object, just like the speed meter shows. 
Quantificational, for the reflective case, the shift of frequency 
should be speed-dependent.For the periodical movement, the 
velocity covers a wide range and the final waveform must 
occupy a continuous spectrum everybody knows, any 
periodical function can be decomposed to its base component 
and high-order harmonics. Heartbeats or respiration affect the 
amplitude and phase of the scattering field just in this manner. 
The AM and PM to the scattering electric field can be 
expressed by the well-known Fourier series as, 


Es = Š AnCos(nQt)+ >)", Bn inn 

` nal) 
(1) 
cos o + ae Cncos(nQt) + ` Dn sinnon | 


Where @ is the frequency of the source and Q is the 
frequency of heartbeats. 


IV. DESIGN ENVIRONMENT AND CHALLENGES 


RF circuits cannot be designed as low frequency devices. 
These circuits include one or more distributed elements. So 
the Maxwell Equations cannot be simplified as for the low 
frequency circuits. At low frequencies, the length of the 
circuit is generally much smaller than the operating 
wavelengths. But at RF frequencies, circuits will have 
considerable electrical length i.e., the physical length of the 
circuit is comparable to the wavelength of the signals 
prorogating in the circuit. When characterizing a device in the 
RF frequencies, the various effects to be considered are 
presence of stray capacitance, stray inductance, Skin effect 
and radiation. At RF, measurement of currents and voltages in 
different parts of a circuit are not easy and useful as in low 
frequencies. So, instead of current and voltage parameters, RF 
circuits are specified in terms of S parameters, which deal 
with power flows in and out of ports. Due of these effects, 
special care is to be taken in RF designs. The design 
procedure becomes extremely tedious if all these factors are 
considered. Computer Aided Design packages specially built 
for RF circuit designs can be a very useful tool for the design. 
The simulations tools used in this work are Microwave Office 


2004 (MWO) and Visual System Simulator 2004 (VSS). 
These powerful tools are fully integrated in the AWR Design - 
Environment and allow to incorporate circuit designs into 
system designs without leaving the AWR Design 
Environment. 


TV. SIGNAL GENERATOR CIRCUIT 


The signal generator consists of an RF oscillator, a 10 dB 
directional coupler and a 30 dB circulator. 


A. RF Oscillator 


The procedure is to design an RF oscillator using Y 
parameters[2] ,(5],[6].The first step is biasing a transistor to 
find the Y parameters.The biasing circuit is given in Fig. 2.Y 
Parameters are given in the fig. 3.These Y parameters are 
used for rest of the design.Active biasing is preferred to 
provide the temperature stability. RFC connected to base and 
collector terminals of the transistor serve the purpose to 
isolate the RF signal from DC power source. 





Fig. 2 
The biasing is done at 1.15 GHz frequency for a supply 
voltage of 5 Volts and a current of 10mA.A beta controlled 
transistor is used for the design. 


071646 
078811 





Fig. 3 

At RF and low microwave frequencies four oscillator 
configurations are used namely, clapp, colpitts, Hartley and 
Armstrong. This design includes a Hartley configuration. 

Oscillator should generate a 26.5 dBm power at 1.15 GHz 
frequency. The feedback elements are designed as 
L2=52.76mH, C2=43nF and L;=0.03nH.DC analysis is 
performed to design the biasing resistors. 
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B.10 dB Directional coupler. 


Directional Couplers and power dividers are passive 
devices used in the field of radio technology. They couple 
part of the transmission power in a transmission line by a 
desired amount through another port.It can be used for both 
power division and power combaining.In power division , an 
input signal is divided by the coupler into two or (or more ) 
signals of lesser power. The coupler may be a three port or a 
four port component with or without loss.Three port network 
take the form of T junctions. The basic properties of the three 
and four port network is described by scattering matrix 
theory. 

Basic Wilkinson Coupler 

A Wilkinson coupler is a three port network that divides 
input power (at port!) between port2 and port 3 [3] [4].The 
Wilkinson coupler can be made for any arbitrary power 
division. It has a useful property of being lossless when the 
output ports are matched. It consists of two quarter wave 
sections with characteristic impedance Z} and Z3 connected 
in parallel with the input line, which has a characteristic 


495 


impedance Zc. If we want to split the input power P, into 
output P3 so that 


P3=K’P2 (2) 





Coupling Factor 

Directional couplers are specified in terms of the coupling 
accuracy at the frequency band center. Coupling factor is 
given as 


CPi2=-20log |S21 (3) 








Isolation 


Isolation of a directional coupler can be defined as the 
difference in signal levels in dB between the input port and 
the isolated port when the two output ports are terminated by 


matched loads.Isolation factor between port 2 & port3 


=-20log|Szl (4) 


Isolation in dB 





C.Circulator 


Circulators are used to route outgoing and incoming signals 
between the antenna, the transmitter and the receiver[4].In a 
simple system, this function could be performed by a switch 
that alternates connecting the antenna to the transmitter and 
the receiver. The use of chirped pulses and a high dynamic 
range may lead to temporal overlap of the sent and received 
pulse, however, requiring a circulator for this function.A 
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circulator is a non reciprocal ferrite device with usually three 
ports. That is, energy into port 1 predominantly exits port 2, 
energy into port 2 exits port 3, and energy into port 3 exits 
port 1. In a reciprocal device the same fraction of energy that 
flows from port | to port 2 would occur to energy flowing the 
opposite direction, from port 2 to port 1. The insertion loss of 
the circulator is the loss from port | to 2, while the loss from 
port 1 to 3 is referred to as isolation. A typical circulator will 
have a zero dB insertion loss from port 1 to 2 and 30 dB of 
isolation from port | to 3.The selection of ports is arbitrary, 
and circulators can be made to “circulate” either clockwise 
(CW) or counterclockwise. 


Ei 
3 
Q 
n 
I tl {2 13 E 15 
Frequency m GHr 
Fig .9 


D. Signal Generation Circuit 


Fig.10 shows the signal generation circuit. An oscillator 
generates electromagnetic waves of 1.15 GHz with an output 
power of 400 mw (26.5 dBm) .The 10 dB directional coupler 
branches out one-tenth of the wave (40 mW) using directional 
couplers (10 db) ,and one part is given to the null balance 
system as a reference signal and the major part is fed to the 
antenna Fig.11 shows the power to the transmitting antenna 
and fig .12 shows power to the null balance system. 
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Frequency m GHz 
Fig.12 


V.CONCLUSION 
One of the world’s recent medical trends is to pursuit 
remote healthcare system. In RF circuit design after the 
development of an initial design including specific 
components, if it does not meet the specifications, the design 
needs to be revised. The design process would require the 
construction and measurement of a laboratory prototype at 
each iteration, which would be expensive and time- 
consuming. Computer aided design can greatly decrease the 
time and cost of a design, while enhancing its quality. As a 
part of life detection system, a 1.15 GHz signal is generated. 
Circuits for oscillator, coupler and circulator are designed and 
the simulation results are verified. Now it is ready for field 
test, 
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Abstract— A stent is a device used for keeping the natural blood 
vessels (arteries) patent by supporting them from inside. The 
modeling of expansion behaviour of stent vessel couplet using any 
analytical or finite element techniques is extremely challenging 
due to many reasons. This paper describes a technique for the 
analysis of stent artery couplet using finite element techniques for 
stadying the characteristics of expansion. The stent is modeled 
using isotropic work hardening elements described by a series of 
piece wise lincar material model and the artery is modeled using 
hyperelastic elements. The stent expansion is simulated by 
applying internal pressure on the inner surfaces of the stent 
elements. As this infernal pressure increases, the stent elements 
undergo plastic deformation and radial expansion. Eventually 
they contact the artery elements and subsequently becomes a 
typical contact analysis problem. At the end of the expansion 
period, the load is removed and the balloon the allowed to deflate. 
This results in certain quantum of recoil in the stent elements. 
The modeling of the system was done in Pro Engineer Wildfire 
and the analysis using ANSYS. The analysis could be used for 
studying the possible areas of vessel injury due to lateral shear 
during stent deployment and areas of non uniform contact 
pressures on the vessel wall. Typical stent characteristics like 
elastic recoil and forcshortening could also be studied using this 
model. 


Key words—contact analysis, 
foreshortening, stent 


finite clement techniques, 


I. INTRODUCTION 


VASCULAr stent is a device used for keeping 

cardiovascular arteries patent by supporting them from 

inside. It consists of a metallic cylindrical grid which is 
deployed in position using by plastic expansion using balloon 
catheters percutaneously. Expanding stent pushes the inner 
lumen of the artery radially by deforming the plaque which has 
been blocking the artery against the vessel wall. The stent is 
introduced in a crimped state allowing it to pass into the site of 
the constriction or blockage via the femoral or brachial 


arteries. The expansion of the stent is achieved by expanding a 
balloon on which the stent is mounted during delivery 
procedure. The expanding stent pushes the inner lumen 
radially outward to restore patency. In the case of a vascular 
stent, a stenosis which is the material causing the blockage is 
deformed and ‘‘scaffolded’’ against the vessel wall. In the vast 
majority of cases, the deployment of a stent restores an 
unimpeded blood flow in the direct post-intervention period. 
However post-stenting narrowing of the vessel may occur due 
to various reasons 


Narrowing of a stented vessel subsequent to the stenting 
procedure is termed in-stent restenosis and it involves the 
formation of Intimal Hyperplasia though a complex cascade of 
cellular events post-stenting [1}. Stent design is a major factor 
influencing in-stent restenosis post-stenting 


But it is well known that stents cannot completely negate the 
phenomenon of restenosis, it has been a well established fact 
that instent restenosis rates are in the range of 20 — 50 % for 
different stent designs [2]. The available experimental studies 
clearly indicate the stent — artery mechanical interaction as 
significative causes for the activation of restenosis mechanism 
[3]. This calls for a better understanding of the stent — artery 
biomechanics. The main limitation of the previous study on the 
“Simulation and Analysis of Coronary Stent Expansion” was 
that the artery and the plaque were not modeled. 


Some research have already been carried out in this regard; 
Rogers et al. [3] used finite element method to carry out a 2D 
analysis to investigate balloon artery interaction during stent 
placement. A study of the arterial tissue within repeating units 
of some of the commercially available stent designs has been 
reported by Lally et al [4]. 3D model of the artery and the stent 
was developed by Auricchio et al [5]. Many of these studies 
clearly indicate that the stresses induced by the stent on the 
artery vary with stent designs, and these stresses are 
responsible for the restenosis [6]. 


The major difficulties encountered in the study of stent artery 
interaction stress can be attributed to 


e the constitutive modeling of soft tissues 
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e nonlinearity arising from the large deformations of 
the stent and artery 
e the interaction of the stent, and artery 


Il. MATERIALS AND METHODS 


Finite-element analysis requires the geometry, material 
properties and the appropriate loading conditions to simulate 
the stenting procedure. Pro-Engineer [7] was used to model the 
stent geometry and ANSYS [8] was used for the finite element 
analysis 


A. Geometric Modeling 


The 3D geometry of the stent was modeled in Pro-Engineer. 
The stent in its unexpanded configuration is shown in Fig.1 
and Fig.2. Due to symmetry in the radial and longitudinal 
directions only a quarter of the cross-section with half the total 
length is modeled. The quarter symmetry model with planes of 
symmetry is shown in Fig.3. 

The artery is modeled as a cylinder and the symmetry 
conditions are made use of effectively. 

The meshing capabilities of ANSYS have been made use of 
to refine meshes at the contact points and at stent strut 
junctions. A finer mesh has been allowed for more accurate 
stress and strain evaluation at critical regions 

The geometric approximation of the stent was performed 
with SOLID45 brick elements which could account for large 
deformation and material nonlinearities. The coronary artery 
on the other hand was meshed with SOLID185 hyperelastic 
elements. Fig.4 and Fig.5 shows the meshing of the stent and 
artery respectively 





1.02 
mm 


Fig. 1 Stent geometry in the unexpanded configuration 


B. Material properties 

The material model for the artery wall and arterial tissue, 
was selected as a 5-parameter third-order Mooney—Rivlin 
hyperelastic constitutive equation [9]. Which has been found 
to be adequate to describe the non-linear stress-strain 
relationship of these arterial tissues. The formulation can be 
stated as (1) 


W = Cio( I1 —3) + Co( 12 — 3) + Colli — 3)” 
+ Cu(li~3)(12—3) + Coro Ti —3)? + (J -1 /d 


Where W is the strain-energy density function of the 
hyperelastic material, I1, 12 and I3 are the strain invariants,C, 


are the hyperelastic constants and d is the material 
incompressibility parameter. The values of C} are obtained 
from published data on human femoral artery [10]. 

The stent is assumed to be made up of SS316LN stainless 
steel and the plastic constitutive response is described through 
a von Mises — Hill plasticity model with isotropic hardening 
[11]. The material model adopted in this analysis is a 
piecewise linear hardening model, described through a 
sequence of stress — strain couples, after yielding and up to a 
limit point. 
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Fig. 2 Stent in the unexpanded configuration 
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Fig. 3 Planes of symmetry of the stent 





Planes of racial symmetry 


C. Boundary conditions 


Symmetric boundary conditions were applied to the planes 
of symmetry for both the stent and artery. The artery was 
restrained at one end in the axial direction, to restrain the rigid 
body motions 

The finite element model of the stent consists of 8251 
elements. The stent was discretized using 500 elements along 
the length and 27 elements along the circumference with 2 
elements across the thickness of the modeled geometry. The 
element size was 0.03 mm 

The finite element model of the artery consists of 8251 
elements. The artery was discretized using 459 elements along 
the length and 9 elements along the circumference with two 
elements across the thickness of the modeled geometry 
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Fig. 5 Discretisation of model of the artery 


D. Loading 


The pressure 0.6 N/ mm’ (6 atm) has been applied to the 
inner portion of the stent. A total of 87 time steps have been 
were applied as pressure load, The stent has been unloaded to 
zero pressure in 27 steps 


HI. RESULTS 


The finite-element models predicted that the stent restored 
patency to the stenosed vessel, a 60 % stenosis was assumed, 
i.e. the lumen area was 60 % blocked by the stenotic plaque 
deposit. The plaque was not modeled here. Fig.6 and Fig.7 
show the stent and artery before and after expansion, a half 
symmetry model in the radial direction has been shown. The 
finite elernent analysis outputs have shown that the stent 
restores the patency to the stenosed vessel. 

The finite element analysis output have shown that the stent 
expands the artery with it, opening up the lumen diameter to a 
diameter larger than the initial diameter of the non — stenosed 
artery. During the unloading phase there is significant elastic 
recoil of the artery and hence the lumen diameter decreases. 
This contmues until equilibrium is reached between the stent 
and the artery, the final diameter of the artery is still larger 
than the non — stenosed artery. Hence it can be safely 
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Fig. 6 Stent and the Artery in the vunexpanded 
configuration 
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Fig. 7 Stent and the artery in the expanded configuration 


concluded that the original shape of the artery is maintained by 
the procedure of stenting. 

The deformed artery after loading is shown in Fig. 8. The 
major portion of the artery deforms in the range of 0.350 mm 
to 0.450 mm. This means that on loading the artery diameter 
increases by 17 — 23 % of the initial outside diameter. The 
maximum radial dilation of the artery occurs at the point of 
contact of the stent and the minimum is at locations far away 
from the stent struts. Radial retraction was observed in the 
stents as a result of the radial compressive forces exerted by 
the artery on the stent. This radial retraction was due to 
bending of the stent struts and it continued until equilibrium 
has been reached between the radial strength of the stents and 
the radial compressive forces exerted by the artery. The final 
diameter of the artery is about 5 — 10 % of the initial outside 
diameter 
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Fig. 8 Radial deformation profile of the artery (mm) 

Draping of the arterial tissue between the stent struts is a 
matter of concern. The region of draping may be devoid of 
intimal hyperplasia making them potential sites of restenosis. 
As shown in Fig. 9 the tissue drapes between the repeating 


500 


Proceeding of International Conference MS’07, India, December 3-5, 2007 


units of the stents. The maximum draping is found to be 0,033 
mm which is lesser than the permissible design value 
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Fig. 9 Drapi 





ng of tissue between the stent struts 


The Principal Stress distribution in the artery has been 
obtained which shows a maximum of 0.67862 N/ mm? at node 
no. 10375. These localized regions are hotspots since the 
artery is in direct contact with the stent. At other regions the 
stress is between 0.3 — 0.377 N/ mm2. The principal stresses 
are the direct indications to tissue injury and vascular lesions. 
The maximum principal stress in the final configuration of the 
artery has been 0.126 N/ mm2 at node no. 10340. Hence the 
artery would remain with this prestress in the future. The 
influence of magnitude of stress/prestress which may initiate a 
restenosis is not very clear even from the literature and this 
issue is not addressed in this paper. But the stress/prestress can 
be effectively quantified and their distribution can be clearly 
studied. 

The plot between the principal stress and principal strain is 
shown in Fig.10. The curve obtained was similar to that 
obtained through experimental and numerical modeling 
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Fig. 10 Stress vs Strain curve for the hyperelastic Artery 


The radial deformation of the stent has been obtained for the 
loading and unloading phase. The maximum value of radial 
deformation has been found to be 1.705 mm, at node no. 5958. 
The maximum value of final deformation has been found to be 
1.445 mm. at the same node. This gives the maximum recoil 
value of 0.26 mm. A radial stiffener has been included in the 
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stent design to prevent the flaring of the free end. The free end 
could flare up initially, which could cause it to contact the 
artery wall earlier, causing deep vascular lesions. The major 


Races portion of the stent expands by 1.5 to 1.55 mm and settles 
yaa down to 1.2 to 1.25 mm on unloading. 


Fig. 11 shows the plot between radial deformation and time 


Spel for node no. 5958. The curve indicates the sudden increase in 


the radial deformation in the very early loading phase. Later 
the deformation of the stent stabilizes mainly due to the 


i presence of artery. The contact of the stent with the artery 
T occurs within 20-21 % of the normalized time (the normalized 
A in the deformation during the unloading within 6% of the 
FY normalized time is noticeable. Later the deformation becomes 
į permanent set. Typical variation of radial deformation with 
*" time has been shown in Fig. [1 


time is 1 for loading and I for unloading). The abrupt decrease 





Fig. 11 Radial deformation of the Stent(node 5958) vs 
normalized time 


Fig. 12 shows the distribution of von Mises stress on the 
stent during loading and maximum value ts 416.313 N/ mm2 at 
node no. 6281! 
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Fig. 12 on Mises stress distribution acr 
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The stress values in the stent are the highest at the junctions 
of the stent struts, resulting in the plastic deformation of these 
points. It can be seen that the stress is more across the 
thickness than at the surface of the stent. However the 
subsequent stress is well within the plastic limit. The regions 
of high stresses are concentrated at the corners of the ring and 
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not at the middle, this was because the struts pull apart from 
each other during expansion causing foreshortening of the 
Stent 

Fig. 13 shows the principal stress vs principal strain plot of 
node no. 6181. It can be observed that the plastic deformation 
sets in at stress of 200 N/ mm? At this point the curve ceases to 
be linear, and the work hardening of the material can be seen 
in the non — linear region and the unloading path follows the 
elastic slope. 


Stress Mq mm) 


Fig. 13 Stress vs Strain curve for the Stent 


IV. CONCLUSION 


The coupling between the stresses imposed on the vessel 
wall and the radial retraction of the stent has been clearly 
illustrated in the present study. 

A __ three-dimensional model for studying the 
revascularization of a stenotic artery through the insertion of a 
balloon-expandable stent has been constructed. Large 
deformation analysis of stent and artery has been carried out 
using the capabilities of the commercial code ANSYS. The 
stent artery interaction has been studied using the contact 
analysis. The study shows the ability of accurate bio- 
mechanical investigations to help and improve actual 
methodologies. 

The methodology described in this study has been proposed 
as a method to compare and analyze existing stent designs and 
can now be used to develop new stent designs. Since this study 
shows that the correlation between stress predictions and in- 
stent restenosis, it would be worthwhile to develop finte- 
element models of realistic vessel geometries, which can be 
obtained from Intravascular Ultrasound (VUS) imaging. By 
determining 3D patient specific geometries pre-stenting it may 
be possible to choose a stent design based on the patient’s 
specific coronary artery stenosis geometry and thereby 
optimize the outcome of stenting procedures. 
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Abstract - Carrent controlled voltage source PWM Inverter plays 
the most important role is such high performance application of 
VSI as A.C motor drives and motion controllers, A.C power 
supplies and active power filters. The main task of the control 
system m current control PWM Inverter is to force the current 
vector in the three phase load ‘according to the reference 
trajectory. Two types of current controller are used. Sub 
harmonic PWM, Hysteresis controlled PWM. Hysteresis 
controller has two types: a) Fixed band b) Sinusoidal band. Fixed 
band hysteresis controller has disadvantages, first, that switching 
frequency changes according to operating condition of motor. 
Second, the ripple current is large so load current contain 
harmonics that causes additional machines heating. Sinusoidal 
band hysteresis current controller where the hysteresis band vary 
sinusoidally over a fundamental period rather than being fixed. 
The sub harmonic PWM has no problem associated with the 
switching frequency, but the steady state phase lag is a problem 
for high frequency operation. 

The schematic of a current controlled voltage source PWM 
Inverter supplying a three phase induction motor. The reference 
current Ier is compared to actual stator current I, The current 
error & = L — Lre is the input to the current controller which 
generates the command voltage. The appropriate inverter 
switches are turned on and off by using the signal obtained from 
the comparator output. The current controller can be a linear PI 
controller. The use of PI controller makes it possible, in a definite 
frequency band, to minimize the amplitude and phase errors in 
the three stator currents. 


Artificial neural network technology has the potential to 
provide an improved method over conventional techniques. This 
paper develops a Neural network based current control voltage 
source inverter. The main advantages of neural network 
controller are fast signal processing, learning and generalization 
abilities, robustness and insensitivity to the load parameter 
changes. The modes and learning techniques have been 
investigated by simulation. 


Keywords- Artificial neural network, Current controlled 
voltage source inverter, Hysteresis control, Neural 
network Inverter control. 


I. INTRODUCTION 


HE current-control technique has a most important role 

in current-regulated PWM inverters which are widely used 
in AC motor drives, A.C power Supplies and active power 
filters. A variety of current contro! methods have been studied 
and reported in the literature [I], Among the various current 
control methods, hysteresis current control is the simplest 
method and the capability to limit the peak current. But the 
switching frequency of this method is not fixed. As a result, 
the load current contains harmonics that cause additional 
machine heating. 

Artificial neural network technology has the potential to 
provide an improved method of deriving non-linear models 
which is complementary to conventional techniques. Neural 
networks are  instrinsically non-linear and the actual 
algorithmic relevant set of training examples is required 
which can be derived from operating plant data. In contrast to 
other machine learning techniques, neural networks can 
modify their behavior in response to the environment, have 
the flexibility of easily handling different problem sizes, and 
have the potential for hardware implementation. 


Il. DESCRIPTION OF CURRENT CONTROLLER 
A. Hysteresis controller: 


The control for one inverter leg is shown in Figure!. 





Figure |. Hysteresis contro! for one phase 
When the line current becomes greater (less) than the 
current reference by the hysteresis band, the inverter leg is 
switched in the negative (positive) direction, which provides 
an instantaneous current limit if the neural 1s connected to the 
dc bus midpoint. In a system without a neural connection, the 
actual current error can reach double the hysteresis band 
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assuming the three phase current reference sums to zero. 


B. Ramp comparison controller: 


A Ramp comparison control for one inverter leg is shown in 


Figure2. 





Figure 2. Ramp comparison controller for one phase 


The controller can be thought of as producing asynchronous 
sine - triangle PWM with the current error considered to be the 
modulating function. The current error is compared to a 
triangle wave form and if the current error is greater (less) than 
the triangle waveform, then the inverter leg is switched in the 
positive (negative) direction. With sine triangle PWM, the 
inverter switches at the frequency of the triangle wave and 
produces well define harmonics. Multiple crossings of the 
ramp by the current error may become a problem when the 
time rate of change of the current error becomes greater than 
that of the ramp. The error can be reduced by increasing the 
controller can be adjusted by either adjusting the triangle 
amplitude or amplifying the current error. 


Ii, NEURAL NETWORK CONCEPT 


_ There are many artificial neural-network architectures that 

have been proposed. [14] One architecture has been 
predominant; that is the feed forward neural network (FNN). 
The standard neuron structure, illustrated in Figure 3 is 
adopted which is comprised of a summer and a logistic 
function f(net,,) that can be either a sigmoid or a linear 
function. The equation for the i-th neuron of the p-th layer 
structure is 


to = È Wop orp tOn (1). 
kal 
O,, = fF (net,,) (2) 


where O, ts the output 
O pix i$ the k-th output at the ( p-1)-th layer 
We the weight from the k-thinput of 
( p-1)-th layer to the i-th output of the 
p-thlayer. 
0, ts the bias. 
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Figure 3. Structure of an elementary neuron 


These neurons are organised in layers, as shown in 


Figure 4. 


Wn 





Figure 4. Feedforward neural network architecture 


Scaled data enters the network at neurons of the input 
layer, and is propagated to the output through intermediate 
layers. Each connection has associated with it a weighting, 
which modifies the signal strength. There are various 
techniques for optimizing criterion functions to train the neural 
network. One important characteristic of neural network 
Classifiers is that their training usually requires iterative 
techniques. The back propagation classifier is the most 
popular technique trained by using the gradient descent 


IV. NERUAL NETWORK INVERTER CONTROL 


The voltage source inverter (VSD) is illustrated in FigureS. 


REIRE 


ppf 
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The input signal to the inverter is an analog signal such as 
current error or voltage error. The output signal of the inverter 
is a binary signal. Therefore, the controller has the properties 
of a nonlinear function to map the analog input into binary 
output. [8],[9] Neural network architectures have the capacity 
to learn nonlinear system models. They can perform collective 
processing and learning and provide powerful processing 
capabilities with great potential for highly parallel 
computation. 


The hysteresis and neural network controls both have to 
find an algorithm for the nonlinear mapping function. In the 
neural network method, training is required to learn 
something about the plant behavior. The input to the neural 
network are three phase current errors and the outputs are the 
voltage vectors. Current errors can be randomly generated at 
the neural network input and the back propagation method is 
used to update the weights so as to decrease the current errors. 
Since the hysteresis current control for the VSI is known, the 
neural network must learn the dynamic behavior of the 
hysteresis current control. It can be on line or off-line learning. 

Figure 6 shows the neural network inverter control. 





+ 
Input Layer G : Gain 
PS : Pulse Seperation — 


Figure 6. Neural network inverter control 


The three sinusoidal reference currents are tiger, lbefs lorer- 
-Reference current ier and ire phase shifted 120° and 240° 
respectively from iet. First the three phase currents from 
voltage source inverter are measured and compared with the 
three reference currents. The error signals are multiplied by 
given coefficient G and then input to the neural network. The 
neural network is trained to have minimum output error. 


The training rule is 

If inner in (<€ => keep O, at the same state 

If ligne in| >E => keepO,, = 1 (3) 
If ligne in (SE => O,, = 0 


where € is small error, m = a, b, c phases Oj, is the output of 


the neural network. Pulse separation circuit that will keep two 
output waveforms from overlapping. If the two output 
waveforms from Pulse separation circuit overlap, the upper 
and lower transistors in one inverter leg will conduct at the 
time, which will damage the transistors. 


V. SIMULATION RESULT 


The simulation model for neural network inverter control is 
developed. The system parameters in Figure 6 are 
DC bus voltage V= 75volts 
Inductance L =0.01mH 
Resistance R= 2 ohms 
Switching frequency = 19.8KHZ. 
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Figure 9. Inverter output current waveform with neural 
network 
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VI. CONCLUSION : 
Neural network control of a sinusoidal current controlled 
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VSI is presented in this report. Three diffcrent controller 
structures are considered. First, Hysteresis controller, Ramp 
comparison controller and a neural network controller. 
Simulation results are presented for the neural network 
controller. The neural network also has fast processing speed 

and fault tolerance. The fault tolerance property will allow the 
neural network to work well even if one of three current 

sensors failed. Thus, neural networks appear to have 
significant advantages in power electronic applications. 
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Abstract—This paper presents a dynamic modeling and 
simulation of Induction Motor Drive using the MALAB / 
Simulink. The model is described by the simple equations. 
This proposed method has been successfully implemented 
in Simulink environment. The model is tested under steady 
state and transient conditions using the example of three 
phase squirrel cage Induction motor. This model can be 
use for the different control of Induction motor drive. 
Although traditional per phase equivalent circuit has been 
widely used in steady state analysis and design of induction 
motor it is not appropriate to predict dynamic 
performance of the motor. In order to understand and 
analyzed vector control of induction motor, dynamic 
model is necessary. Unfortunately the dynamic model 
equations are complex and there are many different forms 
of the model depending on the choice of reference frame. It 
is the objective to explain the model form in a concise way 
to understand clearly. The dynamic curves of the motor 
phase current, speed, electromagnetic torque are obtained 
from the simulation result. 


Keywords — Dynamic modeling, Induction Machine, Matlab/ 
Simulink 


I, INTRODUCTION 


HE induction motor which is the most widely used in the 

industry has been favored because of its good self started 

capability; simple and rugged structure low cost and 
reliability. There have been numbers books and paper 
presented detailing, modeling and simulation of various 
induction machines drive system [3]-[7]. The analog computer 
was used for the simulation of induction motor, the 
mathematical model was implemented using the electronic 
operational amplifiers capable of performing basic 
mathematical operation like integration „addition 
multiplication and division [1]-[2]. The dynamic model 
equations can develop by using the different references frames 
and the selection of the frame is depending on the purpose of 
control [8]-[9]. 

The mutual inductances between the rotor and stator coils 
will change because the angle between the axes of the rotor 
and stator changes. To eliminate the time varying inductances, 
the equations are frequently transformed to d-q variable in the 
arbitrary reference frame. The simulation of the induction 
motor is conveniently accomplished by solving for the flux 


linkage per second in terms of the voltage applied to the 
machine. 

The electrical machine is simulated using the different 
circuit simulators under the steady state conditions. The 
control of the electrical machine under the transient behavior 
is important and this is done in the Simulink. . In this paper 
the model is develop in synchronous rotating frame and 
transfer in to stationary reference frame, which has a 
advantage of eliminating some terms from the voltage 
equations and easy to simulate. Most of the drive control 
schemes uses the stationary reference model. 


II. DYNAMIC INDUCTION MOTOR MODEL 


The Induction Motor model is developed by using the 
circuit coupled approach. An ideal three phase induction 
motor is used with the assumptions no magnetic saturation, 
uniform air gap, neglecting hysteresis and eddy current losses, 
sinusoidal distribution of air gap flux. The magnetically 
coupled rotor and stator circuits are shown in Fig. 1. and from 
this, the equations of voltage for rotor and stator windings are 
given by the following expressions. The axis of a rotor phase 
is displaced by an angles, from the axis of the 
corresponding stator phase. 





qax 


Fig.l, Three phase Induction motor with superimposed d-q-axis 
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As rotor rotates the anglea, varies with time and is 
given by, 

p0, =0, (1) 
Where œ, is the angular specd of the rotor in electrical 
radian per second and p is differential operator. 
If Dy is the synchronous speed in electrical radian per 
second, the slip is given by 
5=(@ = 0, )/ a (2) 
The d-q reference frame is considered to be rotating 
synchronously with respect to the stator. Thus, 
considering the d-axis to be coincident with phase ‘as’ 
axis of stator at time t=O, it will advance by an 


angle @, such that pO = (3) 
The angle between the d-axis and the rotor phase ‘ar’ axis 
is given by 

B=0, -0 (4) 


The voltage and current relations for the stator and rotor 
windings are given by the following expressions. 


For stator For Rotor 

“as ~ Rias tPYas Yar = Rodar + P¥ar 

“bs = Reins + PVs Yor = RribrtPYpr 

Yes 7 Roles + Pes Yer = Ryder TPY cr (5) 


The self inductances of the stator and rotor phases, mutual 
inductances between stator winding and mutual inductance 
between rotor winding are constant because of smooth rotor 
construction, the mutual inductance between the stator phase 
and rotor phase is depend on the position of rotor, the 
instantaneous values between them proportional to the cosine 
of the angle between stator and rotor axes at instant. The flux 
linkage equations for stator and rotor windings are given as 
the fallows: 


For stator winding’ ' 
Vas = Leslas E Lem lbs a los) 


+ Lp lay cos 0, +h, cos(0, +20 /3)+i., cos(@, - 27 /3)) 


Vhs = Lesibs = Lon (is ks los) 


Le [igr 


cos(@, —2n13)+i%,, cos 0, +i p cos(@, + 27 /3)]) 


Yes = Lestes = Lon (igs ting) 
PE cos(O, +27 /3)+ ip, cos(0, —2/3)+i,,, COS 85] 


For rotor winding 


(6) 


Var = T TA = Lim “py +i) 


+ Lorligs cos 0, + ip. cos(0. —2n/3)+i. cos(0, + 27 /3)] 


Wor = Lrribr + Eml tty) 


r. mi ar 


+L fi 


elas cos(@, +22 /3)+ip. cos 6, Fics cos(9, — 2x /3)] 


Vor = Lele T Lym Gar + ipr) 


+ L Lig, COSCO) — 21 /3)+ ip, CoO, + 21 /3)+i_ cos 05] 


(7) 
Wherc 
L,, = Self inductance of a stator phase winding. 
L„ = Self inductance of a rotor phase winding. 
L,,, = Mutual inductance between stator phase windings. 
Lj, = Mutual inductance between rotor phase windings. 
L,, = Mutual inductance between stator and rotor phase 
windings. 
Consider the three phase system is balanced. 
ias tips thes =O lap tipr tip =O (8) 
las tbs Fles hs tes =~ as las * les =~ "bs (9) 
lar top “ier lbp t'er = lar lar Top = "py 


Substituting the value of equation (9) in equation (6) to (7) 
the following flux linkage equations are obtained. 
Was = Lsslas + Esmas? 
+ Lola, cos 8, +ipr cos(0, +27 /3) tia cos(, — 27 /3)] 
= las "ss t lar’sr 
+ lap ber cos(0. ~ 27 / 3) 
Or 


Vas = Lias i Lig, a L3ipy X Dier 
Where 

L. = Los — Lgm 

L, = Lo cos(8, -2r /3) 


cos» +i, L_ cos(@, +27 /3) 
2 br“sr 2 (10) 


L = Lyr cos 02 
L = L cos(0, + 27 /3) 


Similarly we can write the expression for Wps, Wes, War, Ybr 


and it can be expressed in matrix form as follows. 


Nas | fl, 0 0 4 b by ]fis 

¥bs 0 L 0 L 4 k ths 

Yes = 0 0 Ls L3 L Ly los (11) 
Yar | ahb by 4 0 offi 

Vor B h lk o L, o Sli, 

Ver hh ho 0 L jli 
Where 


L, = Lop z L mmi l 
A. Transformation in to synchronously rotating reference 


frame. 


Substitution of equation (11) into the equations (5) get a set 
of nonlinear differential equations, the nonlinearity is due the 
trigonometric terms as 6, is the function of time. These 


equation can be transform in to set of linear equations using 
the mathematical transformation lıke the dq oreg . By doing 
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so the trigonometric time varying coefficients are eliminated, 
the variables and parameters are expressed in mutually 
decoupled direct and quadrature axes. The d-q equations of 
induction motor can be expressed either in stationary or 
rotating reference frame. The use of a reference frame that 
rotates at synchronous speed yields an advantage that with 
sinusoidal excitation the variables appear as dc quantities in 
Steady state condition. The transformation to d-q axes 
leference frame rotating at synchronous specd, œ radian /sec, 


is given by the Fig. l.and d-q axis stator and rotor voltage 
equations are as fallows. 


For stator 
Vas =2/ 31. cos 0; tvs cos(@, —27 /3)+ Vi cos(0, + 27 /3)] 


“gs = —2/3{v sind, ae sin(O, — 27/3) +v sin(0 +27/3)) (12) 


For rotor 
Yr =2/ HY, cos B+ vy cos(B — 27/3) +, cos(B + 27 /3)] 


Vor =—2/ 3[v p Sin É + vp, sin(B —27/3)+v, sin(B +22 /3)} (13) 
Where 
Yds’ Ygs = d-q voltages of stator. 


Vip ae d-q voltages of rotor. 


The same transformations are defined for the currents and 
flux linkages of stator and rotor windings. 


B. Basic Machine Relation in Synchronously Rotating 
reference Frame. 


The final voltage equations obtained by expressing d-q 
component of flux in terms of d-q currents. The procedure 
adopted is to write down the transformation for flux linkages 
similar to equations (12) and (13). Then 0, is replaced by 
(0, — 8) in equation (11). 

Substituting equations (1!) in the transformation equations 

for flux linkages and simplifying the result by using 
trigonometric reduction form the following flux linkages 
relations are obtained 
Vids — Leids + Lizar Where 42 = 3/2L,, 
The parameter of the induction motor is measurement with 
respect to stator windings. It is more convenient to refer all 
quantities to stator windings. Hence in this paper referring to 
stator windings. 


Wats = ests t (aly) Ug, fa) or Was = slay + Ly idr 
Where a =the turns ratio. 

Lm=al,, and i, is now the referred value . 

Self inductance L. may be express as 

L; = Lis + Ly 

Where L, = stator leakage inductance, L, = magnetizing 
inductance. 


Therefore the flux linkage equations in terms of leakage 
and magnetizing inductances are as: 


For stator 
Yds = (Ly, = bn Mas i Ln idr 


Yas R (Li, T Ln Migs T Lin igr (14) 
For Rotor 

Var 7 (Ly, ii Lin Mar as Ln lds 

Vor = (Li, T Ln Mor T Lm ‘gs (15) 


Where 
Yas’ Ygs = d-q components of stator flux linkage. 


Var Vopr = d-q components of rotor flux linkage. 


lusvigs = d-q currents components of stator. 


typ ol g F d-q currents components of rotor. 
L, = rotor leakage inductance. 


Expression of dq component voltages in terms of flux 
linkages are obtained by substituting equations (5) into 
equations (12) to (13) and sampling the result by making use 
of transformations for dq components linkages . The resulting 
expressions are 


For stator 
ds 7 R las + P¥ ds TAW gs Yas — Rtgs i PY gs +O ds (16) 


For rotor 
Ydr = Rela + War oS OY or? Yar = Klar + PY gp + SOM dr (17) 


Substituting equations (14) and (15) into equations (16) and 
(17) the voltage and current equations can be written in matrix 
form as: 


Vas | | 8s + 4anP OL on LnP -hn ids 
R + L 7 

"as | | Olon s Mon? L, mP Wg 8) 

Vir LP EOE Rt Linn P SOL, lip 

“qr Sat, Ln P Sh yn R, + Lm P ‘or 
Where Lien = (Lis this Linn = (Lr +L) 
For squirrel cage induction motor Vy, and V ar 7 0 
The instantaneous power input to stator is given by 

(19) 


P, = Vas 'as T Ybs'bs a Vestes 


The input power expressed in terms of d-q components as 


P = 3/2 Mas lds + Ygs hae) (20) 
The instantaneous power input to rotor is given by 
Yor lar) (21) 


ly =3/24r day + 
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The electromagnetic torque can be obtained as the rotor IV. RESULT AND DISCUSSION 
power divided by the rotor angular speed in mechanical radian 


/sec. Power associated with rotor speed voltage, from The dynamic model presented in this paper has accurate 
equations (18). simulation results under steady state and transient conditions. 


The simulation on the induction motor is carried out and 


; i ; , results are shown in Fig. 3(a){d). The motor run at the 

P= imetka “blin iarla +18 hhn is + Stbl iar Yor} -different conditions i.e. i o and speed reversal, and 
Por =3 AsO Linig, lar + SO Linigs igr] the performance is shown in Fig.3. (a)-Fig.3.(d). At the start 
wee Ss torque is raised and get stable at the time 0.25 sec, when a 

For = 312 Stylin Migs bar = fas igr] (2a) toad of 2.4 N-m and 45 N-m is applied due to its impact the 
Since the angle(8) between d-axis and rotor phase ‘ar’ axis torque and stator current get increased during these instants. 
advancing with time, p(B) is positive. The rotor moves The speed reversal is applied at period of 0.8 sec. Fig.3. (b) 
opposite with respect to d-q frame at a speed — p(B). and Fig.3. (c) shows the response of stator current and torque 


of machine under the speed reversal case. The response of the 


= p(B)2/ POLES Speedi haniai. madian machine during the different conditions shows that the 
Sai SRP) E i machine is dynamic which support verification of model in 


Oym = ~S h 2/ POLES simulation environment. 


The electromagnetic torque for motoring action is 


Te = For l Orm 
=3/ (=s Ly lig isr in igr M25 Wy / POLES) 
= (3/2) (POLES 12) Llig dp ~ igs igr] (23) 


The equations (18) and (23) represent the d-q axes 
model of ideal induction motor in synchronously rotating - 
frame. 

The above equations (16) ,(17) and (18) of the voltages 
express in a stationary reference frame by setting the phase 
displacement between the d-axis and stator phase‘as’ will zero. 
When 8 =0, p@,=% , %=0 


cen Volare ay 
Sea ho Ra aS 





ł 3 


i 

i i ’ 
Breed Beveteal | _ 

‘ 





f i 
i f 
For stator For rotor ; ere 
g oo tS 
_p: hs a os cer ano See 
Vds = R iy + PY ay Yar = Relay + PY ar +O, Wor ree 
Yas “Bin + Pgs Yor = Ry bgp + PW gr — OM dr (25) 
Yds Ro +LimnP 0 LP 0 ‘ds “oOo 62 O4 Of ZA 1 12 14 ta ra a 
une {sec} 
Ygs 0 Rot LgnP 0 LP i Fig 3 (b) Stator Current (Amp) 


“dr | | LnP Ol, RptUmP Lim ldr 
Yr aL Ln P Linn R, T Linn P lor 


Dmv 


The equations (24) and (26) represent the d-q axes model of 
ideal induction motor in stationary reference frame. 


IU. INDUCTION MOTOR SIMULATION 










MATAB/ SIMULINK is powerful software tool for p 
modeling and simulation and accepted globally. In this paper 1 gp a a a 
the mathematical model are present in both reference frame i 3 a oar ee ee eee aa 
synchronously and stationary reference frame. The equations a e aa aate aaia iaaa h Cala aaa aaia alala a 
(14) - (17) and (23)-(25) have been implemented in MATLAB Be setts cee ee eek eee ee 
SIMULINK to obtain the dynamic model of induction motor P RLE VELE AIE GR E REE One ees Se 
model in stationary reference frame. The simulation block a a O ot Beles 
diagram consist of the transformation blocks, electrical model So ee ee Gee ee 
blocks i.e. dq axis fluxes and currents and mechanical model “S08 o as og sa ia ee 
biock. The complete simulation diagram is depicted in Fig. 4. Fig.3 (d) Speed Response (rad/sec) 
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Fig 4, Simulink Induction motor model in stationary reference frame. 


V. APPENDIX 


Three phase 1 HP, 414V, 50 Hz, 4 pole star connected 
Squirrel cage Induction motor. The motor parameters are 
Rs = 3.352, Rr =1.99 2, Ls = 6.94 mH 
Lr = 6.94 mH Lm = 163 mH J= 0.012 Kg-m? 


VI. CONCLUSION 


This paper demonstrates that the detailed mathematical 
model of induction machine and using MATLAB/SIMULINK 
it simulate under the dynamic condition. The main variables 
encountered in induction machine drive, such as torque, speed, 
currents, voltage and flux and main advantage of using the 
proposed simulation environment is that these quantities can 
be conveniently observed, and parameters can be changed to 
investigate their effect to control performance, The simulation 
results demonstrate the versatility of the presented induction 
motor model. 
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Abstract— ‘This paper presents a comprehensive analysis of 
vector controlled induction motor with Power Factor Corrector 
(PFC) circuit. In this paper, a simulink implementation of 
induction motor model for its vector control along with controller 
and PWM inverter is described. The proposed scheme also 
provides PFC circuit in order to improved supply power factor. 
Simulation results obtained show the power factor of machine 
becomes unity even at low speed. 


Index Terms~- Induction motor, Vector Control, Power 
Quality, THD, HCC, Power factor 


I. INTRODUCTION 


NDUCTION motor for many years has been regarded as 

workhouse in industrial application. In last decades, the 

induction motor has evolved from being a constant speed 
motor to a variable speed variable torque machine. Its 
evolution was challenged by the easiness of controlled dc 
motor at low power applications. When application required 
large amount of power and torque the induction motor 
becomes more efficient to use. With the invention of variable 
voltage variable frequency drives (VVVF), the use of an 
induction motor has increased [2]. 

For better understanding of implementation of vector 
control, a systematic modeling of induction motor drive is 
required which includes PID controllers, PWM inverters, 
Hysteresis current controller etc. The best-known controllers 
used in industrial control process are PID controllers because 
of their simple structure and robust performance over wide 
range of operating conditions. Design of controller depends on 
the proportional, integral & derivative gains [7]. The 
Hysteresis current regulated voltage source inverter is 
considered for feeding power to the Induction motor. The 
close loop vector control of the Induction motor is achieved 
through PID speed controller. The machine is operated at the 
desired operating conditions and the currents in the motor 
windings are regulated within Hysteresis band around the 
reference currents. The rotor speed is used as the feedback 
signal for the controller. In order to achieve four-quadrant 
operation, field oriented control or vector control is used for 
Induction Drive. Torque control, which forms inner loop maps 
directly into current loop. Speed control can conveniently 
achieve by closing a feedback loop around inner loop. One 
major disadvantage of induction motor is that it offer low 
power factor. At low speed power factor is even very low. In 
order to improve power factor a power factor correction (PFC) 
circuit is added to scheme 


IL. VECTOR CONTROL OF INDUCTION MOTOR 


Induction motor is simulated in Matlab/ simulink using 
machine equations, Vector control also known as Field 
oriented control (FOC) enables the induction motor to be 
controlled in a method similar to a dc motor [2]. The 
conversion of three stator currents into two de current enables 
the speed torque of the motor to be calculated in a manner 
similar to that in a dc motor. In FOC, there are two 
transformations, the first transformations convert the three- 
stator currents into two components and the second 
transformation allows the stationary reference frame to rotate 
synchronously with the stator flux vector. The torque is 
controlled by torque production current, which is the q- 
component of stator current space vector. At the same time, 
the flux is controlled by flux production current, which is the 
d-component of the stator current space vector. In the direct 
field oriented control, both the instantancous magnitude and 
position of the rotor flux are supposed to be precisely known 
i.e. directly measured or estimated using nonlinear state 
observer. Theoretical study of investing the performance of 
induction motor driven by direct vector controller is simulated 
in software Matlab/simulink [3],[{4],[10],[ 12]. 


OI. DRIVE SCHEME 


In proposed scheme as shown in Fig,].supply voltage is 
rectified and is passed through power factor corrector (PFC) 
block. PFC block generate required de voltage for inverter and 
also control power factor [2]. Inverter switching is obtained as 
follows motor speed is compared with reference speed and ts 
fed through PID controller to get Ig* and stator flux is 
compared with reference flux and fed to PID controller in 
order to generate Id*. These Id* and Iq* are than converted in 
to three phase Iabc* using d-q to abc transformation. Now 
stator current Iabc is compared with reference current (Jabc*) 
and error signal is fed to Hysteresis current controller. This 
current controller generates firing pluses for VSI, which is 
used to feed supply to Induction Motor. [6], [9] 


A. Modeling of Machine 


An Induction Motor model can be represented with 
differentia] equations as given in [14]. By using the d-q 
equivalent circuit and the equations [13] the simulink model of 
Induction machine is shown in Fig.2 
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Ref, 





Fig | Drive Scheme 





Fig 2. Simulmk model of induction machine 


B. Flux linkage calculation block 


Flux = Lm “Id / (1 +Tr.s) (1) 

Tr=Lr/Rr, Lr = L'r +Lm (2) 

Theta is calculated by using below equations 

Theta = f (wr + ©m) dt 

(3) 

© = Lm *Iq/(Tr * flux) (4) 
Where Lm = mutual induction, Theta = Electrical angle, 


wm= Rotor mechanical speed (rad/s), Id = d component of 
stator current, Tr = Time constant, Lr = Inductance of Rotor, 
Rr = Resistance of Rotor 


C. Hysteresis current controller and PWM Inverter 


Basically a current controller is usually preferred to follow the 
current command in’ some apparatus. The current control 
technique plays an important role in PWM inverters. Various 
techniques for current controller have been proposed in recent 


year. Considering easy implementation, quick response, 
maximum current limit and insensitivity to load parameter 
variation, the Hysteresis controller is a popular option [6]. 
Following equations are used for firing the inverter for one 
phase. Similar equations can be obtained for other phases. 


if (i, —i,) > —A thens,=1 


(5) 

if (i, —i,) <= —h thens,=0 
(6) 
Where h is width of hysteresis band. 


The Hysteresis current controller contributes to the generation 
of switching pattern for inverter. Following equations 
represent the output of inverter. 


Vas = Vdc/3(2s 1-52-83) (7) 
Vbs = Vdc/3(-s 1+2s2-s3) (8) 
Ves = Vdc/3(-s1-s2+2s3) 

(9) 


Where Vas, Vbs, and Vcs are three phase stator voltages. 


TV. POWER FACTOR CORRECTION (PFC) CIRCUIT 


The converter is controlled using a proportional-integral- 
derivative (PID) controller to regulate its output DC link 
voltage [4]. DC link voltage is compared with reference 
voltage and error is fed to PID controller. The output of the 
PID controller is passed through a limiter to produce peak 


amplitude of inductor reference current ( i ). This amplitude 


is then multiplied by a rectified unit sinusoidal template 
(obtained from AC mains) to derive the rectified sinusoidal 


reference current (i, ). A hysteresis current controller is used 


to derive the gating signal for a switch of the converter. 
Inductor current is compared with inductor reference current 
and according to error of these to current HCC generates the 
switching for switch S. 


513 


Proceeding of International Conference MS’07 India, 3-4, December 2007 


In response to the gating signal of the switch, the converter 
regulates the DC link voltage even under nonlinear load of an 
inverter fed Induction Motor drive and in face of fluctuations 
in supply voltage. It also ensures that the converter draws unity 
power factor sinusoidal current from the AC mains. 


sE 





Fig 3 Power Factor Correction Circuit 


A. Modeling of PID controller 


The transfer function of a PID controller has the following 
form 


Ki 
Ky, eos 


G(s) = 


(11) 
In the time domain equation of PID controller can be written 
as 


t) 
Ult =K p9) x elt)+ K; (f e(t)dt + Kie ai 


(12) 


Where Kp K; and Ky, are the proportional, integral and 


derivative gains respectively 
B. Voltage Controller for dc Link Reference Inductor Current 


The error between reference (Vi) and sensed value of (Vie) 


of dc link voltage acts as an input to the PID voltage controller 
[4]. 


The error in the de ink voltage at n” instant is given by: 


(13) 


Vdce(n) = Vic(n) 7 Vactn) 
The E enee inductor current is estimated as: 
+ 
] “y d (14) 


lim 


Where y _ d 
d y 
am 





vs = Vom Sin(@t) , @ = Supply frequency in red/sec. 


C. Hysteresis Current Controller of PFC Converter 


The switching signal of the MOSFET of a PFC converter is 
generated using hysteresis current control as; 


(15) 
(16) 


If k(i -i,) > —hA then S=1 

Ifk (i; —1,) <= —h then S=0 
Where i, = Inductor current, k = Gain factor for a 
amplifying the current error 


D. The PFC Converter 
The PFC converter is represented by two first order differential 
equations of inductor current and de link capacitor voltage as: 


di, Qa Yace G~ 8) Ri) (17) 


dt L 
dae | CQ, G@-s)-1 ) 
c 


di 
(18) 
Where R; = Resistance of the inductor coil. 
C = de link capacitance. 
i, = dc link load current (chopper input current) 


V. RESULTS AND DISCUSSIONS 


Performance of drive is examined with PFC (WPFC) and 
without PFC (WOPEFC) converter under full load condition. 
Table-I shows the variations of various parameters WPFC and 
WOPEC. 


TABLE I 
Speed % | WPFC/ PF Crest | RMS | Peak 
Of Rated | WOPFC THD | factor 
sw Pre [to ar asos sro 
100 


WPFC | 1 | 0.09 | 1.477_| 25.05 37.0 | 
| WOPFC_| 0.78 | 






= 
st} bal é 
Oo 
nN 
Go 
i 


Fig. 4.1-4.6 shows the harmonics pattern of supply current at 
different speed as percentage of rated with and without PFC 
circuit. The comparison is carried out in terms of Crest factor, 
which is ratio of peak current and rms current. From graph we 
can easily conclude that there is reduction in harmonics. This 
is also shown in tabular form in Table 1. Power factor of 
machine reduced from 0.81 at rated speed to 0.5 at 5% of rated 
speed but by using PFC power factor remains unity. Variations 
of various Supply Current parameters with Speed are shown in 
Fig 5, Variations of machine parameter are also shown in Fig 





(a) ee current ee spectrum without PFC 
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Fig 6 Variations of various parameter of machine when speed is 314 rps 


VI. APPENDIX 


Motor Parameters refer to stator side: Rated power 30 hp, Rated 


Voltage 230v, 


rs=1.106, m=.0332, xl=1.106, xr=0.464, 


xm=26.3, J=0.01, fb=100, fr=50, p=2 
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Abstract - This paper gives the analysis and simulation of a 
combined inverter and induction motor drive system. The overall 
d-q model of a voltage stiff inverter and an induction motor 
synchronously rotating reference frame is obtained in Matlab 
Simulink. The circuit represents a complete dynamic model in 
which a inverter voltage vi can be any independent time fonction 
and the inverter switching is completely modeled including all 
harmonics. Open loop and closed loop operation is studied. 


Keywords: Inverter, Induction motor, VSI,, Volts/Hz control 


I. INTRODUCTION 
TER - Fed induction motors are taking an increasing 
share of the variable speed drive market. There are 
applications for reduced dynamic requirements such as 
standard industrial drives, or pump and fan drives operating at 
a maximum efficiency point. These are mainly low cost 
solutions based on constant volts/hertz control. 

For inverter fed drive systems requiring high dynamic 
performance, induction machines are modeled using d-q 
(Park’s) transformation in arbitrary reference frame [1]-[2]. 
For analysis of motor drives, it is useful to model the inverter 
in the same reference frame as the induction motor, Le. in 
terms of d,q,o components. This type of modeling is 
particularly useful when combined performance of the motor 
with the inverter [1]-[3] is required. This paper presents the 
analysis of constant volts/Hz controlled drive using combined 
inverter and induction motor model in synchronously rotating 
reference frame. 


II. V/f controlled Induction Motor Drive 


A simplified diagram of the system studied is as 
shown in the figure 1. It consists of a dc source, an inverter 
and an induction motor. Closed loop speed control by slip 
regulation of combined inverter — induction machine improves 


the dynamic performance [12]. The speed loop error generates 
the slip command O. through a proportional-integral (P-I) 
controller and limiter. The slip is added to the speed feedback 
speed signal to generate the slip frequency command. The 
frequency command g), also generates the voltage command 


through a volts/Hz generator 
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Fig. 1 System studied 


III. Modeling of Inverter 

The d, q model for a voltage source inverter (VSI) inverter 
is Obtained by simply applying the d,q transformation to the 
inverter equations on a mode by mode basis. The d-q 
equations for the six modes of a voltage source inverter can be 
obtained as shown in equations given below (1-4). The d-q 
voltages for different switch positions can be expressed as 
space vectors. The synchronous reference frame is more useful 
for induction motor-inverter simulation. The switching 
functions in the synchronous reference frame can be derived 
as shown in fig.2. 
8, = 1 +008 60,t --Ż cos 120, +... 


eS E ee AT l 





Fig. 2 The synchronous frame VSI switching function formulation 
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Therefore the d,q relations for the VSI inverter can be 
conveniently described with the two switching functions 


t _2 e 

Va TVS, 
Oy E 3 

Va = VEn 
FL KE, Haga EAEE AA E E T 4 


Where v, & 1; are the de link voltage & current respectively. 


IV. Combined Inverter -Induction Motor Model. 

A very useful and compact form of the 
machine equations for uniform air-gap machines in freely 
rotating reference frame is obtained as given. In majority of 
cases the machine is connected in delta or wye [11]. The 
currents ip, and ji, are identically zero & the equations can be 


written in matrix form as 


Va EFL? -æ L, La P -æ]n |ia 
Vor | ~ oe J’, Pie © 4 ~ oe J LP Le 
Ve Lue (axe ~ tor) J u r.+L ep (ae-ar) J r 
Vel æ- Lp -e-r L, rL di, 
where 
L- Lir ls 
L=lat l, Eaa eee, 

_p 42,40, ATE AEE 
LEL dt 


Where p is the operator d/dt, r, is the stator resistance, r’, is 
the rotor resistance (referred to the stator winding) and Ly, 
L'r & Ly, are the stator & rotor leakage reactances & 
magnetizing reactance respsctively. 7, is the per unit load 
torque. J is the moment of inertia. P is the no of pole pairs. 


G). iS the rotor speed & (, is the speed ‘of the 


synchronously rotating reference frame. 

However, this model proves inadequate when applied to 
dynamic conditions as encountered in a variable frequency 
drive. The over all d-q model of a voltage source inverter and 
an induction motor is obtained. The circuit represents a 
complete dynamic model in which a inverter voltage (Vi) can 
be any independent time function and the inverter switching ts 
completely modeled including all harmonics. The model of the 
machine and the switching functions can be represented in 
synchronously rotating reference frame. 

The inverter d-q model thus obtained can be combined with 
induction motor model. The Fig.3 shows the model of the 


machine and the switching function in the synchronous frame. 
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darit 
Fig. 3 Synchronous frame d,q model of a VSI driven induction 
machine 


V. Analysis of d-q model 


Analysis of combined inverter- induction motor d-q 
model in synchronous reference frame in open loop as well as 
in closed loop (V/f control) is carried out in Matlab Simulink 
using 5 hp induction machine with parameters given in Table- 
2.The open loop operation is studied. The inverter switching 
function formulation gives the d-q voltages, which is applied 
to the induction machine. The closed loop V/f control of 
inverter — IM model simulations are obtained. A closed loop 
V/f control with simplified d-q model of VSI driven IM in 
synchronously rotating reference frame is simulated as shown 
in fig.4. The performance is tested for a change in reference 
frequency from 5 Hz to 50Hz 


TABLE-1: IM Parameters 
5 hp induction machine 


ms -> Rs=0.531 


L1s=0.00252 
[m= 00847 





The switching function formulation of the inverter in 
synchronously rotating reference frame described by equations 
1 & 2 is shown in figure 5. The d-q voltages obtained is 
applied to the combined model of the inverter and induction 
motor and is simulated in Matlab Simulink in open loop & in 
closed loop. The stator currents for the closed loop constant v/f 
operation of the induction machine and inverter is presented in 
figure 6, The rotor speed and electromagnetic torque for the 
same machine is shown in figure 7 & 8. The dynamic test is 
carried out on the by applying the step change in frequency as 
shown in fig.9. 
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se EAE. 


VI. CONCLUSION 


In this method of analysis the equations which 
describe the induction machine in synchronously rotating 
reference frame are related to the equations which express the 
average value of the converter variables. Performance of the 
induction motor is carried under dynamic condition which is 
satisfactory and hence the model presented was satisfactory. 
Open loop and closed loop operation is studied. Combined 
model of the inverter and induction motor, simulated in 
Matlab Simulink gives better dynamic performance. 
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Abstract: Multi-phase ac motor drives are nowadays considered 
for various applications, due to numerous advantages that they 
offer when compared to their three-phase counterparts. In 
principle, control methods for multi-phase machines are the same 
as for three-phase machines. Variable speed induction motor 
drives without mechanical speed sensors at the motor shaft have 
the attractions of low cost and high reliability. To replace the 
sensor, information of the rotor specd is extracted from measured 
stator currents and voltages at motor terminals. Vector-controlled 
drives require estimating the magnitude and spatial orientation of 
the fundamental magnetic flux waves in the stator or in the rotor. 
Open-loop estimators or closed-loop observers are used for this 
purpose. They differ with respect to accuracy, robustness, and 
sensitivity against model parameter variations. This paper 
analyses operation of an observer-based sensorless control of 
vector controlled five-phase induction machine with current 
control in the stationary reference frame. The observer-based 
sensorless operation of a three-phase induction machine is well 
established and the same principle is extended in this paper for a 
five-phase induction machine. Performance, obtainable with 
hysteresis current control, is illustrated for a number of operating 
conditions on the basis of simulation results. Full decoupling of 
rotor flux control and torque control is realised. Dynamics, 
achievable with a five-phase vector controlled induction machine, 
are shown to be essentially identical to those obtainable with a 
three-phase induction machine. 


Keywords: Multi-phase, Full Order Observer, Vector control, 
Sensorless control 


I INTRODUCTION 

ariable speed electric drives predominately utilise the 

three-phase machines. However, since the variable speed 

ac drives require a power electronic converter for their 
supply (in vast majority of cases an inverter with a de link), the 
number of machine phases is essentially unlimited. This has led to 
an increase in the interest in multiphase ac drive applications, since 
multiphase machines offer some inherent advantages over their 
three-phase counterparts. A number of interesting research results 
have been published over the years and detailed reviews are 
available in [1-7]. 

Major advantages of using a multi-phase machine instead of a 
three-phase machine are detailed in [1-7] and are higher torque 
density, greater efficiency, reduced torque pulsations, greater fault 
tolerance, and reduction in the required rating per 
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inverter leg (and therefore simpler and more reliable power 
conditioning equipment). Additionally, noise characteristics of the 
drive improve as well. 

Sensorless vector control of three-phase induction machine 
has attracted wide attention in resent years [8-11]. Several attempts 
have been made in the past to extract the speed signal of the 
induction machine from measured stator currents and voltages. 
Initially, the sensorless techniques was restricted to techniques 
which are only valid in the steady-state and can only be used in low 
cost drive applications, not requiring high dynamic performance. 
Different, more sophisticated techniques are required for high 
performance applications in vector controlled drives [11]. In a 
sensorless drive, speed information and control should be provided 
with an accuracy of 0.5% or better, from zero to the highest speed, 
for all operating conditions and independent of saturation levels 
and parameter variations. In order to achieve good performance of 
sensorless vector control, different speed estimation schemes have 
been proposed and a variety of speed estimators exist nowadays. 

Sensorless operation of a vector controlled three-phase 
induction machine drive is extensively discussed in the literature 
[12,13], but the same is not true for multi-phase induction machine. 
Only few application specific sensorless operation of multi-phase 
machine is elaborated in the literature The problem of using the 
position sensor in ‘more-electric’ aircraft fuel pump fault tolerant 
drive is highlighted in [14]. The drive utilises a 16 kW, 13000 rpm 
six-phase permanent magnet motor with six independent single- 
phase inverters supplying each of the six-phases. The authors 
proposed an alternative sensorless drive scheme. The proposed 
technique makes use of flux linkage-current-angle model to 
estimate the rotor position. 

Although several schemes are available for sensorless 
operation of a vector controlled drive, but the most popular is the 
MRAS because of ease of their implementation[15,16]. An attempt 
is made in this paper to extend the MRAS-based technique of a 
three-phase machine to an indirect field oriented five-phase 
induction motor drive. 

It has been shown in [17] that multi-phase machine models 
can be transformed into a system of decoupled equations in 
orthogonal reference frames. The d-g axis reference frame currents 
contribute towards torque and flux production, whereas the 
remaining x-y components plus the zero sequence component do 
not. This allows a simple extension of the RFOC principle tn that 
the rotor flux linkage is maintained entirely in the d-axis, 
resulting in the g-axis component of rotor flux being maintained 
at zero. This reduces the electromagnetic torque equation to the 


same form as that of a dc machine or a rotor flux oriented three- 
phase machine. Thus the electromagnetic torque and the rotor 
flux can be controlled independently, by controlling the d and q 
components of stator current independently. The decoupled 
control of torque and flux using rotor flux oriented control for a 
five-phase induction machine is illustrated in [6]. 

An observer can be classified according to the type of 
representation used for the plant to be observed. If the plant is 
considered to be deterministic, then the observer is a 
deterministic observer; otherwise it is a stochastic observer. The 
most commonly used observers are Luenberger and Kalman 
types. The Luenberger observer (LO) is of the deterministic 
type and the Kalman filter (KF) is of the stochastic type. The 
basic Kalman filter is only applicable to linear stochastic 
systems, and for non-linear systems the extended Kalman filter 
(EKF) can be used, which can provide estimates of the states of 
a system or of both the states and parameters (joint state and 
parameter estimation). The EKF is a recursive filter, which can 
be applied to a non-linear time-varying stochastic system. The 
basic Luenberger observer is only applicable to a linear, time- 
invariant deterministic system. The extended Luenberger 
observer (ELO) is applicable to a non-linear, time-varying 
deterministic system. In summary it can be seen that both the 
EKF and ELO are non-linear estimators and the EKF is 
applicable to stochastic systems and the ELO to deterministic 
systems, The extended Luenberger observer (ELO) is an 
alternative solution for real-time implementation in industrial 
drive systems. The simple algorithm and the ease of tuning of 
the ELO may give some advantages over the conventional EKF. 
A full-order (fourth-order) adaptive state observer (Luenberger 
observer) which is constructed by using the equations of the 
induction machine in the stationary reference frame by adding 
an error compensator. In the full-order adaptive state observer 
the rotor speed is considered as a parameter, but in the EKF and 
ELO the rotor speed is considered as a state variable. It is 
shown that [20-22 ]when the appropriate observers are used in 
high-performance speed sensorless torque controlled induction 
motor drive (vector controlled drives, direct controlled drives), 
stable operation can be obtained over a wide speed range, 
including very low speeds. 

A simulation study is performed for speed mode of 
operation, for a number of transients, and the results are 
reported in the paper. 


II MODELLING OF A FIVE-PHASE INDUCTION MACHINE 

Standard assumptions of general theory of electrical 
machines apply to the modelling described in what follows, 
including the one related to the sinusoidal spatial! distribution of 
the field in the machine. Spatial displacement between any two 
consecutive phases in a five-phase machine is œ = 27/5. For 


the sake of generality, both stator and rotor windings are 
assumed to be five-phase. The model of the machine, given in 
terms of phase variables, is transformed into a common 
reference frame, rotating at an arbitrary angular speed. 


Model Transformation in arbitrary reference frame 
Correlation between original phase variables and new 
variables in the arbitrary rotating reference frame is given with 


4 — y A ed < 
Vig = A Vahi Liy = A dabede Vu = AW sode 1) 
rs. r ro -r ro r 
Vig = ArVanede bag = Ay Labede Y ig AN sag 


where the transformation matrices for stator and rotor, are given 


by equation (12). 
cos8, cos(@,-a) co, -2a) cos@,+2a) co, +a) 
—sinO, -sin(@,-a) -sn@,-2a) -sin@,+2a) -sin@, +a) 
ai! cos(2a) cos(da) cos(4a) cos(2a) 
ee : inao) saie manga) sane 
B 6 A v2 v2 v2 
cosB cos(B-a) cos(V—2a) cos(B+2a) cos(B+a) 
-snf —sin(B-a@) -sn(S—2a) -sin(B+2a) -sin(B+a) 
A 2] ot cos (2a) cas(4ar) cos(4a) cos (2a) 
OS : sın ag) aaa) msia) eae) 
2 2 v2 vz vz 
(2) 


The angles of transformation for stator quantities and for 
rotor quantities are related to the arbitrary speed of the selected 
common reference frame (y through: 


0, = | o,at 


B =6,-0 = | (w,—o) 


where œ and 0 are rotor angular (electrical) speed and 
instantaneous rotor position, respectively. Application of (2) in 
conjunction with (1) and the phase-domain model (1-10) of a 
five-phase induction machine leads to the following set of 
equations in the arbitrary common reference frame (symbol p 
stands for p = d/dt): 


(3) 


vy =Ri,-QW, +MY, 
Va =Ki, TQ, + PY, 


Vy, = Ri, -(Q, -OW + PY, 
Vr z Ri, +(@, —OW, + PAY, 


D =Ri + PY, Vr =Ri, + PY, (4) 
Vo =Ki, + PY, iy “Rig +P, 
We = Rig, +h, W =Rh, + Ye 


Wa = +L Ma Lad 
Wa = (Ly, +E Vn, Luig 


Wy =, +L Ma + Lag, 
Wy =, thy that 


VW, =hi, Vv, =L,i, (5) 
Ws = hte Wy =Lhy 
Wo =Lh, Wor =L ky 
T, = PL lisin -iniy | (6) 


The only difference between the five-phase machine model, 
given with (4)-(6), and the corresponding three-phase machine 
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model is the presence of x-y component equations in (4) and 
(5). Rotor x-y components are fully decoupled from d-q 
components and one from the other. Since rotor winding is 
short-circuited, x-y components cannot appear in the rotor 
winding. Zero sequence component equations for both stator 
and rotor can be omitted from further consideration due to 
short-circuited rotor winding and star connection of the stator 
winding. Finally, since stator x-y components are fully 
decoupled from d-q components and one from the other and 
vector control is applied (i.e. only d-q axis current components 
are generated), the equations for x-y components can be omitted 
from further consideration as well. This means that the model 
of the five-phase induction machine in an arbitrary reference 
frame becomes identical to the model of a three-phase induction 
machine. Hence the same principles of RFOC can be utilised, as 
for a three-phase induction machine. 


M. WECTOR CONTROL OF A FIVE-PHASE INDUCTION MACHINE 


Indirect rotor flux oriented control, with current control in 
stationary reference frame, is studied further on. The indirect 
rotor flux oriented controller is shown in Fig. 1. 

Operation in the base speed region only is assumed, so that 
the rotor flux reference (and consequently stator d-axis current 
reference) 1s constant at all times. 
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Fig. | Indirect rotor flux oriented controller for a five-phase 


induction machine (symbol * denotes references and parameters 
of the controller). 


The two constants of Fig. | are determined with machine 
parameters and are equal to: 
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The five-phase voltage source inverter is controlled using 
hysteresis current contro! and closed-loop speed control is 
investigated. The relationship between the star connected 
machine phase-to-neutral voltages and inverter leg voltages is 
given with 
vq = (4/54 -(Y/5Xvg +vc +vp + VE) 
vy = (4/5)vp -0/5Xv, + ¥¢ +Vp +E) 

v, = (4/5 vo —(I/SXvg +g +p + Ve) (8) 
va =(4/Sp -0/5Xv4 +Yg +vc +vg) 
ve = (4/5) z -(1/5Xva +vg +vc +Yp) 


where capital letters denote inverter leg voltages (which take 
the value of either de link voltage or zero) and lower case 
indices denote phase-to-neutral voltages of the machine. 


IV, SENSORLESS OPERATION OF FIVE-PHASE INDUCTION 
MACHINES 


The developed model of a five-phase induction motor 
indicates that an observer used for three-phase machines can 
be easily extended to multi-phase machines. For multi-phase 
machines observer -based speed estimator requires only d and q 
components of stator voltages and currents. The model of a 
five-phase induction machine (4-6), it has been shown that the 
stator and rotor d and g axis flux linkages are function of 
magnetising inductance Lm and stator and rotor d and g axis 
currents, where as the x and y axis flux linkages are function of 
only their respective currents. Therefore in speed estimation for 
multi-phase machine the x and y components of voltages and 
currents are not required. The speed can be estimated using 
only d and g components of stator voltages and currents. 

The proposed full order observer -based five-phase vector 
controlled induction motor drive structure with current control 
in the stationary reference frame is shown in Fig, 2. 
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Fig. 2 Observer-based five-phase induction motor drive structure with current control in the stationary reference frame. 


V. OBSERVER-BASED SPEED ESTIMATOR 


A state observer is a model-based state estimator which 
can be used for the state and/or parameter estimation of a non- 
linear dynamic system in real time. In the calculations, the 
states are predicted by using a mathematical model ,; but the 
predicted states are continuously corrected by using a feed back 
correction scheme. The actual measured states are denoted by 


X and the estimated states by X. The correction term contains 
the weighted difference of some of the measured and estimated 
outputs signals (the difference is multiplied by the observer 
feedback gain, G). The accuracy of the state observer also 
depends on the model parameters used. The state observer is 
simpler than the Kalman observer, since no attempt is made to 
minimize a stochastic cost criterion. 

To obtain the full-order non-linear speed observer, first the 
model of the induction machine is considered in the stationary 
reference frame, which can be described as follows: 


dx 

— = Ax + Bv (9) 
dt 

and the output vector 1$ 

1, = Cx (10) 


By using the derived mathematical model of the induction 
machine, e.g. if the component form of the equations(9), is 
used, since this is required in an actual implementation and 
adding the correction term , which contains the differcnce of 
actual and estimated states, a full-order state observer, which 
estimates the stator currents and rotor flux linkages, can be 
described as follows: 


Z SAR +BV+ GQ, — i.) (11) 
and the output vector is 
w= Ck (12) 


where A is a state matrix , B is the input matrix, G is the 
observer gain matrix, C is the output matrix, x is the state 
vector, v is the input vector, i, stator current vector. 


Also the state matrix of the observer (A) is a function of the 
rotor speed, and in a speed —sensorless drive, the rotor speed 


must be estimated. The estimated rotor speed is denoted by Ô, F 
and in general A is a function of @,. The estimated speed is 


considered as a parameter in A , however in extended Kalman 
filter considered as a state variable. In eqns (9) and (10) the 
different terms are explained as follows: 
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a -hz +(I-o)/T fy ka Loli /T, -ô,]] 
Lait -I /T, +4,J 


(13) 


L, = diag(1,1), is a second order identity matrix. 
O, , is a 2x2 zero matrix. 


In state matrix À , the different terms are as follows: 
L.,andL, are the magnetising inductance and rotor self- 


inductance respectively, L, is the stator transient inductance, 
T, =L,/R, and T,=L,/R, are the stator and rotor 


transient time constants respectively, and o= 1-L?, /L,L,) 
is the leakage factor. 
The observer gain matrix is defined as 


I,+2,J 
g=" 2 t82 | 
231, + g4] 


which yields a 2x4 matrix. The four gains in G can be obtained 
from the eigen-values of the induction motor as follows: 


AE EREE 





S T 
g: = (k—1, 
-DILL L 
£3 =(k* ~1) = tgs 0) pee ee A (14) 
T; Ti L, T; 
piska -neht 
L; S T; 
LL 
g4 =-(k- a, —— 


It follows that the four gains depend on the estimated speed, 
0, . By using eqns (9) and (10) it is possible to implement a 
speed estimator which estimates the rotor speed of an induction 
machine by using the adaptive state observer shown in Fig. 3. 


vay m [Va Yn] 






Fig. 3 Adaptive speed observer (speed-adaptive flux observer) 


In Fig. 3 the estimated rotor flux-linkage components and 
the stator current error components are used to obtain the error 
speed tuning signal and given by equations: 

VW. =War + JWq and e= eg, + jeg, . The estimated speed 
is obtained from the speed tuning signal by using a PI controller 
thus, 


Ô, = Ko (Wor€as a Wareg) t K; | gCais T Parea xit 


(15) 
where K, and K, are proportional and integral gain constants 
respectively, Cas = igs ~ las and eqs =1gg ~ig are the 


direct and quadrature axis stator current errors respectively. The 
adaptation mechanism is similar to that as used in the MRAS- 
based speed estimators, where the speed adaptation has been 
obtained by using the state-error equations of the system 
considered. 
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Fig.8 Locus of d and q-axis fluxes 
VI. SIMULATION RESULTS' 


Per-phase equivalent circuit parameters of the 50 Hz five- 
phase induction machine, used in the work, are 


R, =109, RF. =63Q L, =L, =0.04H, L, =0.42H. Inertia and 


the number of pole pairs are cqual to 0.03 kgm? and 2, 


respectively, Rated phase current, phase-to-neutral voltage and 
per-phase torque are 2.1 A, 220 V and 1.67 Nm, respectively. 
Rated (rms) rotor flux is 0.5683 Wb. Hysteresis band is set to 
42.5% of the rated peak phase current (i.e. + 0.07425 A). 
Torque limit is at all times equal to twice the rated motor torque 
(i.e. 16.67 Nm). Dc link voltage equals 587 V (= V2x415 V) and 
provides approximately 10% voltage reserve at rated frequency. 
The drive is operated in speed mode with speed feedback is 
taken from full order speed estimator. 

Figure 4 displays the results for speed characteristics of the 
induction motor when motor is directly fed to the mains. 

The total simulation time is 2.0s. Speed command of 
1200 rpm is applied at r=0,.3 s in a ramp wise manner from ft = 
0.3 to 7 = 0.35 s and is further kept unchanged. Operation takes 
place under no-load conditions. 

Disturbance rejection properties of the drive are 
investigated next. A load torque equal to the motor rated torque 
is applied in a step-wise manner at f = | s. 

Finally, reversing transient is examined as well. The 
command for speed reversal is given at f= 1.2 s. 

The responses, obtained for these periods, are shown in 
Fig. 5,6,7. It is concluded from the responses that the actual 
speed and torque closely follows the reference. 

Fig. 8 displays the results for the locus of rotor fluxes. 


Vil CONCLUSION 


The paper deals with full order observer-based sensorless 
vector control of a five-phase induction machine, utilising an 
indirect machine is at first reviewed and it is shown that the 
resulting model is the same as for a three-phase machine rotor 
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flux oriented controller and current control in the stationary 
reference frame. Hence the same vector control principles and 
speed estimation technique are applicable. Operation in the 
specd mode is further studicd, utilising the hysteresis current 
control. The speed feedback signal is the estimated one 
obtained from observer -based speed estimator. The attainable 
performance is examined by simulation. It is shown that the 
dynamic behaviour, obtainable with the indirect vector control, 
is the same as it would have been had a three-phase machine 
been used. Rotor flux and torque contro! are fully decoupled, 
enabling the fastest possible accelerations and decclerations 
with the given torque limit. 
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Abstract- A closed loop system consisting of a permanent magnet 
synchronous motor [PMSM] drive and a 6-pulse inverter is 
simulated for variable speed operation. The controller uses the 
concept of predictive current control for pulse width modulation. 
Simulation results cover the startup behavior and response 
following a step change in reference speed, load torque and de 
link voltage during running. Issues concerning the functional 
design of subsystems and their overall integration are discussed. 


Key words- Closed loop control, PMSM, Predictive current 
control, Space vector, Variable speed operation. 


Il. INTRODUCTION 


Though expensive, synchronous motor drives do compete 
with their induction motor counterparts in applications 
requiring high efficiency and reduced life cycle cost [1]. 

Synchronous motors using permanent magnets yield a 
drive with higher power to weight ratio, high torque to current 
ratio and fast dynamic response [2]. The higher cost of such a 
drive is expected to come down in future due to the 
availability of high energy low cost permanent magnets [3]. 

A common configuration of PMSM drive system consists 
of a PMSM fed from a variable frequency PWM voltage 
source inverter and control circuits [4]. Here the current in 
each stator phase is forced to follow a reference waveform 
derived from the speed error. Two of the major techniques of 
current control of PWM inverters are hysteresis control and 
predictive current control. On-off control with hysteresis is 
characterized by a fast response but the current ripple is 
usually large [4]. In predictive current control scheme, the 
switching instants of the power semiconductor devices are 
determined by calculating the required voltage to force the 
motor currents to follow the reference [4]. 


‘Space vector modulation of the three phase inverter has 
major advantages in machine control [5], [6]. Space Vector 
PWM [SVPWM] refers to a special technique of determining 
the switching sequence of the inverter power switches for 
obtaining variable output voltage. It generates less harmonic 
distortion in the voltage and current waveforms of the motor 


windings. It also provides more efficient use of the dc bus 
voltage in comparison with the direct sinusoidal modulation 
technique [1]. This paper deals with the simulation of a closed 
loop PMSM drive system by combining the predictive current 
control and SVPWM techniques. 


2. THEORY OF BRUSHLESS SYNCHRONOUS MOTOR 


In a brushless synchronous motor, the conventional field 
excitation in the rotor is replaced by permanent magnets, thus 
climinating the slip ring and brush assembly [3], [7]. With the 
advent of power semiconductor switching devices, the 
replacement of mechanical commutators in the form of an 
inverter has been achieved. The above two innovations have 
contributed to the development of the permanent magnet 
synchronous and brushless dc machines. PM ac motors are 
classified on the basis of the wave shape of their induced emf, 
i.e. sinusoidal and trapezoidal. The sinusoidal type is known 
as PM brushless synchronous motor and trapezoidal type goes 
under the name of PM Brushless DC [PMBLDC] motor [3], 
[8]. 

Fig.1 shows the equivalent two pole model of the PMSM 
in rotor frame. The equations are [3] 


d. 1 R. L 


g . 
mel = Vy ~la to 1 l 
Tae A a a aaa (1) 
d l R. LaP . Po 
ag iis S CU 
q q q 
Pr.. - 
T, =15-[Aig (Ly =L, )igig| (3) 


where id, iq, va, vq, Ly and L, are the d and q axis currents, 
voltages and inductances respectively. R is the stator 
resistance, P is the number of poles, À is the flux induced by 
rotor on stator windings, T, is the electromagnetic torque and 
@,is the angular velocity of the rotor. 

Equations (1) — (3) are adequate for modeling the 
electromagnetic and electromechanical phenomena where 
saturation of the magnetic circuit is neglected and rotor 
currents are negligible in view of the high resistivity of the 
permanent magnet rotor poles. Accordingly there is no 
equation involving rotor currents [3]. 

Mechanical system equations are 
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d 


apt = elt, -Fo, -T,,] (4) 
d 
a = Op (5) 


where J is the inertia of rotor and load, F is the viscous friction 
of motor and load, Tm is the mechanical torque and 0, is the 
rotor angular position. 





Fig. 1. Two pole model of the PMSM 


The fundamental amplitude of the voltage applied to the 
stator windings may be changed by PWM of the inverter. The 
turning on and off of the six numbers of IGBT’s are governed 
by logic, sequence and timing considerations for maintaining 
unidirectional torque. 


3. MODEL EQUATIONS USING SPACE VECTOR 


Space vector theory is very much related to the generalized 
two-axis theory of electrical machines [5]. It is valid for the 
analysis of any arbitrary variation of instantaneous voltage and 
current as generated by a voltage source inverter. 

A two pole, three phase machine, whose stator windings 
are supplied by a system of three phase currents i,,(t), i(t) and 
i(t) which vary arbitrarily with time is considered. With the 
neutral point isolated, there will be no zero sequence stator 
currents. Resultant mmf produced by the stator currents as a 
function of the orientation 0 of the space vector is given by 


[5] 


f (0,)=N, li „a (t)C080 + ip (hcos(6 — 2773)+ i, (cose — 47/3) 


(6) 
where N, is the number of stator turns. 
Equation (6) can be rewritten as 


f (0,9 ~2N Rel a (t)+aiy (t)+a7i, (t) Je} (7) 


2r 4x 
where a and a’ are space operators equal to e3 and e 3 
respectively. 
Hence eN- NR, fi, @,t)}. (8) 


where i,@,t) is the stator current space vector. Similarly the 
stator voltage space vector is given as 


v.@, =a tavy tadva] (9) 


Park transformation leads to the derivation of stator 
voltages in terms of the direct and quadrature axes variables. 
Accordingly stator voltage space vector equation referred to 
rotor reference frame is obtained as [5] 


ey hs d = 
vy =1,R, PREON 


7 (10) 


4, IMPLEMENTATION OF SPACE VECTOR USING PWM 


A typical three phase voltage source inverter 1s shown in 
Fig.2, where Va Vp and v, are the phase voltages of the motor. 
Considering 120° conduction mode of operation for the 
inverter switches, there are 15 possible combinations of on 
and off states. Among this, only 6 combinations are active for 
power transfer, which are shown in Table I. The sector-wise 


voltage vectors V, to Ve each one having a length of 


(1/-/3)Vy. form a hexagon as shown in Fig. 3. 





—_——— a etn 


A 


N 


7 
Fig. 3 Primary Voltage Space Vectors 
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Table I: Space vector switching table 





5, PREDICTIVE CURRENT CONTROL SCHEME 


In Predictive current control method, the motor current is 
measured at a fixed sampling rate [2]. The current reference is 
calculated as a sequence of discrete samples from speed error 
and dynamic torque-speed characteristic of the drive system. 
The error in current space vector is computed as the difference 
between the reference and actual current space vectors. Using 
the principle of predictive current control, the required valuc 
of the voltage space vector at the next sampling instant is 
computed as follows so as to minimize this current error. 

The required voltage vector at the k" sampling instant is 
given by 


v(k) = e(k) + L2 + Ritk) (HH) 


e(k) is the emf ce vector, i(k) is the current space vector, L 
is the stator inductance per phase and R is the stator resistance 
per phase. 

Equation (11) can be rewritten for calculating v(k) as 


v) =e EL k-+1)-i(0)] + Ri) (12) 


where i (k+!) is the desired value of current at the next 
sampling instant. Space vector modulation is used to generate 
the vector v(k) as shown in Fig. 4. Here v(k) is obtained in 


me 


sector! from the adjacent vectors V, and Vv, with appropriate 


duty ratios t,/T and t2 /T where T is the period of the high 
frequency modulating signal. 


wie anne oe y 





al 


Fig. 4 Generation of space vector in sector 1 


Resolving the vector v(k) along Va and V, ; 








2 
v, (k) = —= v(k)sina (13) 
H AB 
vı (k) = v(k}cosa ~ 0.5v, (k) (14) 
where & is the modulation angle. 
The duration t; and t2 of the states | and 2 are given by 
Vi T 
t= — (15) 
"U3 V 
Y T 
(16) 
I3 Væ 
T=t; +t +to (17) 


where tois the zero state or inactive state. 


6. SIMULATION BLOCKS 


The simulation of the drive system is done using Matlab- 
Simulink software. The blocks in the Simulink model is 
broadly grouped as shown in Fig.5. 


PI Calculation 
centroller of dT, 
Acad) E2 
Calculation of 


Vy at o Gr Bad 


ie Cuaron 
ES 
tk) 


Fig. 5 Overal! Block Diagram of PMSM Drive System 
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Fig 6 Simulink Block Diagram of the closed loop drive system 


The inverter block comprises six numbers of [IGBT’s in 
bridge configuration and is fed from a constant de supply. 
The stator windings of the PMSM are fed from the variable 
frequency variable voltage inverter. The electromagnetic 
torque, Te and the actual speed of the machine, Oyen are 
obtained from the machine model. The actual spced is 
compared with the reference specd to get the speed error, dw 
which 1s fed to a PI controller. Assuming a typical mechanical 


, the 
processed spced error can be related to the additional torque 
as 


dT, =1.3K Orna do 


K. is the load torque constant. 


load chatacteristic in the formT,, = KLO nna 


(18) 


Now the torque reference T =T, +dT, and the 


reference current i* 1s computed as i` =T," ík, where k, ts 
the torque constant. After obtaining the actual space vector 


current i(k) = ig? (k) +i, 00 , current error is used for 


computing the required space vector v(k). Using a constant 
value of 30° for modulation angle. œ, corresponding to the 
middle of a sector, the vector v(k) is resolved along the sector 
boundaries as v; (k) and v2 (k). The timings t; and t: are 
calculated from equations (15) and (16). The switching 
waveform with parameters t;, t and tp is periodic with period 
T and is used to modulate the space vector in each sector. The 
Simulink model is shown in Fig.6. 


7. CONSIDERATIONS AND ISSUES IN SIMULATION 


Many issues have to be addressed in the simulation of the 
above scheme, consisting of an outer speed control loop and 
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an inner loop, where the stator currents and hence the torque 
are defined and controlled. The foremost 1s synchronizing of 
the stator space vector frequency with rotor angular velocity, 
to be achieved by correctly timing the cyclic switching of the 
inverter IGBT’s. In addition, the desired magnitude of the 
stator currents, dependent on the rotor speed has to be realized 
by pulse width modulation defined by the parameters t, t2 and 
to in a predictive manner. In essence, minimization of the 
speed error calls for matching of the electromagnetic torque 
with load torque under different operating conditions. It is 
seen while preparing the simulation schematic, that the above 
functional requirements cannot be directly implemented with 
the available blocks in Simulink. Hence a S function is 
written in C language which acquires the switching 
parameters tı, tz and tp and generates repeating sequences for 
each of the 6 gate tigger signals gi, g2,...,26. This is then 
converted to a CMEX file to link with other Simulink blocks. 
In effect, this S function in conjunction with another S 
function for counter operation on sampling instants 
determines the duration of the generated voltage space vector 
in a particular sector corresponding to the present value of the 


rotor speed. 


8. SIMULATION RESULTS 


After entering the machine data, properties of various 
functional block and simulation parameters including 
sampling time and run time, the schematic shown in Fig.6 is 
simulated first for the start up behavior for a set of selected 
reference speed settings. A speed range of 500 rpm to 1500 
rpm is covered in the runs. A typical transient start up 


behavior for reference speed, Nær = 1100 rpm is shown in 
Fig.7. 





0 9 005 ggi. gms -> 0 02 0026 
time (sec) —>e 


Fig.7 Start up transient response (Ner = 1100 rpm) 


Further a set of problems covering disturbances while 
running, in the form of step change in reference speed setting, 
load torque and dc link voltage are simulated. The transient 
behavior for a step change of reference specd from 1300 rpm 
to 1500 rpm is shown in Fig.8. Fig.9 shows the transient 
response following an additional braking torque of 0.05 Nm 
at 30 ms. Similarly the time response due to a step change in 
the de link voltage from 450 V to 400 V at 20 ms is depicted 
in Fig. 10. 


2000 


speed ( 


deim 003 004 005 0 06 O07 + O08 
tima (sec) ——~>»- 


Fig.8 a response after step chatige in Nier ‘ 
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Fig.9 Transient response after step change in load torque 





tune (sec) ———y- 
Fig.10 Transient response after step change in Vae - 


The patterns of transient response obtained indicate the 
effectiveness of the control strategy for retaining the desired 
reference speed after a very short transient interval of the 
order of 0.05 ms. 


Ia‘ 
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APPENDIX I i 
MACHINE DETAILS 


380 V, 3 phase, 2.4 A 
R = 6 ohms, L = 0.0778H, J = 1.24x10%kg. m? 


ACKNOWLEDGMENT 
The authors would like to acknowledge the whole 


hearted support given by The Principal, The Head of the 
Department and technical staff of the Department of 
Electrical Engineering, College of | Engineering, 
Thiruvananthapuram for availing the facilities in the college. 


[4] 


[5] 
[6] 


[8] 


REFERENCES 
Bimal K. Bose, Modern power electronics and ac drives, Pearson 
Education, India, 2003. 
Jawad Faiz, M. R. Azizan, M Aboulghasemian Azami, “Simulation 
and analysıs of brushless DC motor drives using hysteresis, ramp 
comparison and predictive current control techniques”, Simulation 
Practice and Theory 3(1996), Elsevier, pp. 347 -363, 
R Krishnan, Electttc Motor Drives — Modeling, Analysis and control, 
Pearson Education, India, 2003. 
Hoang Le-Huy, Louis A. Dessaint, “An adaptive curient control scheme 
for PWM Synchronous motor drives. Analysis and simulation”, JEEE 
Transactions on Power Electronics,vol.4, No 4, October 1989, pp.486- 
495. 
S.K. Pillai, Analysis of thyristor power-conditioned motors, 
Universities Press. 
Mohamed M, Negm, Mohamed F Salem, Osamia S. Ebrahim, “ Design 
and Implementation of a SYPWM Technique using Low cost 
Multifunction Data Acquisition Caid”, 2004 Inteinational conference 
on Power System Technology. POWERCON 2004, Singapoie, 21- 24 
November 2004, pp 1816 ~ 1821. 
Pragasen Pillay, Ramu Krishnan, “Modcling , Simulation and Analysts 
of Pe:manent-Magnet Motor Drives, Pat 1, The Permanent Magnet 
Synchronous Motor Drive’ IEEE Transactions on Industry 
Applications,vol 25,No.2, March/April 1989, pp. 265-273. 
Paul C. Krause, Oleg Wasynczuk, Electromechanical motion devices, 
Mc Giaw Hill Book Company, Singapore, 1989 


Procceding of International Conference MS’07, India, December 3-5, 2007 


New Current Control of PMSM Drives in 
Synchronously Rotor Reference Frame 


M. Kadjoudj', M.E. Benbouzid’, and C. Ghennai” 


' Batna University, 05000 Algeria, e-mail: kadjoudj_m@yahoo.fi 
? Brest University, French e-mail: m.benbouzid @iece org 
> Gizan University KSA, ghennai_chawki @Lycos.com 


Abstract— Hysteresis current controllers are not optimal with 
respect to switching frequency, but exhibits very good 
dynamical properties characterized by unconditioned 
stability, fast response, robustness and good accuracy. 
Predictive and ramp comparator controllers performs some 
optimisation on the switching frequency at the expense of the 
dynamical response. The conventional current control, based 
on the hysteresis comparators, is one of the simplest and more 
popular types, although it exhibits several undesirable 
features, such as high switching frequency and heavy 
interference among the phases in case of systems with isolated 
neutral. In order to climinate theses limitations, several 
methods of improvement have been proposed. This paper 
addresses the problems of torque ripple minimisation and 
current phases interferences in PMSM drives. The key point 
of the proposed control technique is the regulation of both the 
direct and transversal current components formulated in the 
synchronously rotating reference frame. In addition, an extra 
second crror current zone is introduced to overcome the 
imprecision in the direct current component control. 


Key words— PMSM, rotor synchronously reference frame, 
hysteresis control, torque ripple minimization. 


I. INTRODUCTION 


ECENT developments in power electronics, magnetic 

materials and motion control provide an excellent 

opportunity to use synchronous and induction motors in 
high performance drive applications. Among various types 
of AC motors, the PMSM is becoming popular due to some 
of its advantageous features such high torque to: current 
ratio, as well as high power to weight ratio, high power 
factor. low noise and robustness [1 ][2]. 


~The hysteresis current control technique has proven to 
be the most suitable solution for all the applications of 
current controlled voltage source inverter (VSI). The ramp 
comparison method is the most commonly used one: for 
various kinds of power electronic systems. Its switching 
frequency and thus output harmonic spectrum are fixed. 
However, the PWM switching behaviour and performance 
depends on the load and motor parameters [3](4].. 


Moreover, an inherent current tracking error exists. The 
hysteresis current controlled PWM scheme is very simple, 
provides good current amplitude control against load and 
source parameter changes. However, the resulting output 
voltage inverter is irregular and depends on the load 
variation and phase current interferences leading to analysis 
problem and switching performance degradation [5][6][7]. 


In this paper, effective method to eliminate the 
inconveniences has been demonstrated to be a viable way to 
obtain robust and high performance control. The structure 
shown in figure | is investigated in order to simplify 
computation. Two controllers of modulating DC variables 
can be obtained through the coordinate transformation of 
three phase current. The novel strategy employs two 
independent hysteresis regulators in the rotor dq-axis 
synchronously reference frame. 





Figure 1. PWM inverter with two current loops 


Furthermore, because of the limitation number of the 
voltage vectors, the control strategy may be optimal only 
for the inverse current component, but not for the current 
longitudinal component. A second hysteresis zone, that 
contributes to improve the control of the d-axis current 
component. 


II. Proposed Control Strategy 
In order to maximize the torque/current ratio, the real 


current vector must be oriented along the resulted counter 
EMF vector E. This may be achieved by using hysteresis 
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band controllers to keep the real current components around 
the current reference signals. The output signals of the 
controllers are used to select, according to the position of 
the rotor, the appropriate next voltage state. Based on the 
applied voltage state and the counter EMF, the current 
vector deviation can derived from the machine equation (1). 


Vag=Re Tap} Lu SAE (1) 


For convenient presentation of the theoretical basis of the 
proposed current controller, it is assumed that the change 
iate can be considered as constant, and the parasitic 
resistance can be neglected. The maximum value of the 
current derivative in (1) becomes, 


da V-E_AV m 
dt Lu Ly 

As illustrated by equation (1), the deviation of the 
current vector is proportional to the difference vector AV. 
The control strategy is based on the selection of the next 


voltage state that must satisfy the following criteria : 





e Forcing the current components to follow their 
corresponding reference signals, within the 
allowed hysteresis band [8][9]. 

e Reducing the current deviation vector by 
optimum choice of the difference vector AV. 


The block diagram of the proposed control structure is 
shown in Figure 2. The current references Ter and Iyer are 
obtained respectively by the speed loop and the weakening 
block. The real current components I, and I, as well as’ the 
rotor position are deduced from the machine model. The d- 
axis position block determines the sector number of the d- 
axis. The digital output signals of the band hysteresis 
controllers, together with the d-axis position sector select 
the state of the inverter switches (Sa, Sg, Sc) using the 
switching table. 


Block Control 





Figure 2. Proposed control structure. 


For the specified rotor position shown in Figure 3, 
when the d-axis is in the sector k=1, the q-axis will be in 
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the sector k=2, which is bounded by the voltage vectors V3 
and V3. Hence, the difference vector in this case can be 
defined as, 


AV,=V.-E or AV;=V3-E (3) 


In general, if the d-axis is in the sector k, the difference 
vector expressions will be as follows: 


AVV E or AVe Vur E (4) 
Vy 3 Axis q 
j AV i42 AV kal Viel 
E 
Alg Ta 
NAN ee 
ai \\ i uw” Axisd 
Vi 4 i Pa 
+ A 
d a 
‘So I >0 
TRS Vk 
TN 
~ 
wW 
eet 
N 
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Figure 3. Hysteresis control in the space vector plane 


OI. Control of the direct and inverse components 


When the direct reference component of the current 
reference is set to zero (Iyer =0), the direct component of 
the real current will be very close to the width of the band 
hysteresis Ala. Whenever the current vector crosses the 
borders of the band hysteresis i.e., |Ia| > Aly, the control 
process acts to force it back to the interior of the band 
hysteresis. Assuming the d-axis is located in the sector k, 
two possible cases are distinguished: 


Case one: If | Ty | > Ala with I0, the application of the 
vector Vi42 leads to AV\,. with opposite direction to the 
direct .current. As the current deviation vector is 
proportional to AV, the current component I, will be 
reduced. 


Case two: If | | > Al; with I,<0, the real current is 
therefore in advance with respect to the q-axis, the 
quadrature component in this case will be negative. The 
vector Vy; is to be selected. This latter gives a difference 
vector AV,,; in concordance with d-axis forcing Ia back to 
the interior of the band hysteresis. 


It is always possible at any instant, to choose either 
mode V+ or Vz to reduce the magnitude of the current 
error for sector k. In other words, the conventional two- 
mode hysteresis controller does not have stability problem. 
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However, one can see that mode Vpn can be applied only 
when the condition Iy<0 is satisfied. Otherwise, the 
magnitude of the current error will increase. 


When the upper border of the band is reached i.e., I, > 
IgenA 1,, one of the zero vectors should be selected. The 
choice of either the state voltage Vp or V} which should be 
done must insure a soft switching of inverter components. 
However, in order to insure this condition, the following 
sequences have to be respected, 


e Select the state voltage vector Vo at the instant 
preceding either V,, V3 or Vs [10][11]. 

e Select the state voltage vector V; at the instant 
preceding either, V2, Va or Vg. 


Suppose the output voltage is zero and the actual 
current crosses lower band. In this case, the output voltage 
has to be increased by selecting V;,,; and Vyn in order to 
increase the load current. 


_ Figures 4 and 5 show the simulation results for the 
above control algorithm. Despite the current I, is not 
imposed, for the raison of DC-bus reduction, the pulsations 
of the current are minimal. This proposed control structure 
ensures the self-piloting of the machine under several 
conditions. 





Figure 5. Steady state waveforms. 
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The overshooting in the direct current waveform at the 
crossing moments from one sector to another can be 
explained as follows: The d-axis ‘rotates in the opposite 
direction of the vectors V,,; and V,,2 that are applied to 
control the current Ia. At the beginning of each sector, the 
difference vector AV;,, has usually a small component, this 
leads to a slow increase of the current. Whereas, at the end 
of each sector, the component of the difference vector 
AV,,2 is significant and reduce rapidly the current towards 
the admissible limits. 


In figures 6 and 7, when sufficiently high DC-bus is 
applied, the I, controller will get into the control process 
together with the direct current controller Iy. Once the 
current I, loop is active, the same voltage vectors selected 
in the previous controller will be imposed if the current 
reaches the lower border of the hysteresis band. The zero 
vectors Vo and V; are applied when the upper border of the 
hysteresis band is achieved Al. 
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Figure 6. Simultaneous control of Id and Iq. 
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Figure 7. Switching states of the power devices 


Figure 8 and 9 illustrate the effect of the widths of the 
hysteresis band of the stator current components on the 
performances of the control strategy. A choice of a band for 
the quadrature current leads to a reduced oscillations ratio. 
A comparative study shows that the switching frequency of 
the upper switch of the first leg of the inverter is very 
important for the case AI,=0.02A ( 1% of the permanent 


Proceeding of International Conference MS’07, India, December 3-5, 2007 


current). In the sector 5, the maximum switching frequency 
is 4.4 kHz, whercas it is 2.3 kHz in the same sector for 
AJ,=0.08A. However, increasing the width of the hysteresis 
band of the quadrature current regulator, has an almost 
increased effect on the overshooting phenomena of the 
limits of the band Aly. Although the action of I, regulator ts 
less important than the Iy regulator, the direct current varies 
between +0.JA and +0.14A respectively for AI,=0.02A 
and AI,=0.08A at the crossing instants from one sector to 
another. 
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Figure 8. Effect of the hysteresis band width AI,=0.02A 
AI y=0.02A 
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For a fixed width of the hysteresis band of Iẹ an 
excessive increase of Aly leads to a less precise contro! of 
the direct current component. This may affect the phase 
angle of the line current. The requesting time of the I, 
regulator is inherently reduced. As results, the pulsation 
frequency of the Iq current will be increased. The direct 
current reference is null, the impact of the direct current 
regulator on this contro! structure is fully limited. 


[V, Control improvement. 


Because of the difficulties of the operation conditions, 
the deviation current dI/dt varies very rapidly. The 
consequence of such variation is shown clearly by 
equations | and 2. In fact, the counter E.M.F. vector E is 
brought to the indirect axis that is liable to the rotor inertia. 
This axis may spend extra time in the sector limited by the 
vectors V,,,; and Vy, while the reference current moves 
immediately to the next sector 8; ,3. 


In order to avoid the current control losses, a control 
band is required. This increases the number of vectors that 
are able to be applied. When the direct axis lies in the sector 
Sk, the vectors Vka and Vp are already applied beyond the 
first band. Beyond the second band control and in order to 
limit the rapid variations of the current, additional voltage 
vectors have to be selected. Concerning the sector S,, the 
new vectors of the second hysteresis band are Vy and Vyas. 
Thus, the problems of the beginning and end of the sector 
are solved by the adoption of the second width of the 
hysteresis band Ala. 


Indeed, each band zone is associated with a specific 
voltage vectors in the process of tracking the reference. In 
contrast to the two voltage vectors Vii; and Vya, the new 
control in the additional zone has to efficiently utilize 
several voltage vectois with adjacency. Figures 10, JI and 
12 show the performance analysis of the new current 
controllers in the synchronously reference frame in case of 
second zone current control introduced. 


Table | illustrates the different possibilities required 
for new algorithm of the control strategy. 
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Table |. Introduction of second hysteresis zone. 


Additionally the following remarks have to noticed: 

e The second hysteresis band of I, is not designed to 
bring down the current limits as the real current is 
less than the lower limit -Al 

e The vectors Vp and Vp selected to increase the 
current I, during the simple switching, are the only 

‘recourse of the second band control to increase 
the current. 

+ At the beginning and the end of the sectors, the 
control of Iy by the vectors V, and Ve3 may 
increase, even slightly, the current Ij. 


With the use of the second band control of the current 
I,, the control becomes very effective and reliable even at 
highly redoubtable dynamic changes. The voltage 
waveforms show that the switching frequency is perfectly 
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reduced. The Iy and J, oscillate closely around their 
references. To improve the performances of the control 
structure, the pulsations of the current Iy have to be reduced, 
by consequence those in the line current. Reducing the 
width of hysteresis band has a side effect on the switching 
frequency, hence this solution is not recommended. 
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Figure 1] Regulation of direct and inverse currents. 
V. Conclusion. 


In contrast to the conventional hysteresis control where 
the switching frequency is independent of the three phases, 
the new proposed control structure is based on the vector 
aspect characterized by advantages such as: 

e Performances stability insured by the use of a 
second hysteresis band, even at severe dynamic 
regimes. 

e Improved characteristics by damping the torque 
pulsations and the current battements 

e Reduction of the switching frequency by the use 
of two vectors that delimit the transversal axis 
and the zero vectors. 

e Soft switching of the inverter. 
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Figure 12 Performance analysis with speed inversion test. 
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Abstract— An increasing part of low voltage standard induction 
motors operates with PWM voltage source inverters using IGBTs 
and they are applied to a wide range of power 0.1 kW up to some 
MW. The PWM (Pulse Width Modulation) inverter mode of 
control generates a large frequency spectrum of overvoltapes. The 
resulling undesired overvoltages at the motor terminals stress the 
motor insulation. Usual standards applied to the induction motors 
recommend to limit the value of rate of rise of voltage to be less 
than (dv/dt) < 500-600V/ps for the motor insulation to be healthy 
condition. This value is suitable for a motor fed directly by the 
AC power supply, but when the motor is fed by an inverter 
without any filtering device, the dv/dt may reach up to 6000- 
7000V/ps or even more depending on the installation. In the 
recent past many authors have presented their investigations on 
various issucs associated with the motor failure due to over- 
voltage that appears at the motor terminals due to the impedance 
mismatch between the power cable and the motor as well as non- 
uniform distribution of voltage in stator winding. This paper 
describes the modeling of the system consist of PWM Inverter, 
Cable, induction motor and their interaction. The system is 
simulated in MATLAB and experimental study is carried out for 
validating the modeling and simulation of the drive system. At the 
end Sensitivity analysis is made to study the influence of system 
parameters Viz cable length, motor rating and rise time on motor 
terminal overvolfage. Finally simulated are compared with 
experimental results and found to be in good agreement, 


Key words—cable length, mismatch impedance, insulation 
failure, modcling, overvoltages. 


L INTRODUCTION 


HE growing use of induction motors for high power 
adjustable specd applications is essentially due to the 
quick technological evolution of fast switching clectronic 
devices, such as the insulated gate bipolar transistors (GBT), 
which are nowadays widely adopted in medium voltage, 
medium power converters, for their performances in terms of 
driving, switching behavior, etc. l 
While the high switching speeds and advanced PWM 
schemes significantly improve the performance of the PWM- 


inverter-fed induction motors, the high rate of voltage rise 
(dv/dt) of 0-650 V in less than 0.1 ps has adverse effects on the 
motor insulation. These steep rising and falling pulses lead to 
an uneven distribution of voltages within the motor, especially 
during switching transitions. This contributes to insulation 
deterioration and subsequent failure of the motor. In addition, 
the dv/dt contributes to damaging bearing currents and 
electromagnetic interference (EMI). If a long cable is 
employed between the inverter and the motor, damped high 
frequency ringing at the motor terminals occurs resulting in 
excessive over voltage, which further stresses the motor 
insulation, Also, the motor impedance, which is dominated by 
the winding inductance, presents an effective open circuit at 
high frequencies at the end of the long cable. This produces a 
reflected voltage at the end of the cable approximately equal in 
magnitude and with the same sign, resulting in twice the 
magnitude of the incident voltage at the motor terminals as 
shown in Fig 2(b).Hence the problems associated with PWM 
fed A.C Drives are 

1. Terminal over voltages due to PWM Inverter and cables 

2. Surge propagation within winding 

3. Bearing currents 

4. EMI 

This paper describes the representation of mode of the 

system consist of PWM Inverter, Cable, induction motor and 
their interaction. The system is simulated in MATLAB and 
experimental study is carried out for validating the modeling 
and simulation of the drive system. At the end Sensitivity 
analysis is made to study the influence of system parameters 
Viz cable length, motor rating and rise time on motor terminal 
overvoltage. Finally simulated are compared with experimental 
results and found to be in good agreement. 


Il. SYSTEM REPRESENTATION 


The Fig.l shows the system representation consisting of 
PWM inverter, power cable and = induction motor. 
Transmission linc representation of the powcr cable, high 
frequency model of the power cable, high frequency model of 
the induction motor and PWM inverter model are designed 
which are used for terminal over voltage analysis. 
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Fig 1 PWM inverter driving an induction motor using long cable leads 
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Fig.2. Simulated waveform of at inverter terminal and overvoltages waveform 
at motor terminal 





Fig. 1.shows schematic of the PWM inverter (ASD) driving 
an induction motor using long cable. An adjustable speed drive 
basically consists of a rectifier and an inverter section, which 
converts the dc to ac of a selected frequency. : 

Fig.2 shows the simulated results of inverter output voltage 
and motor terminal voltage waveform. 

Difference in impedances of the cable and motor leads to 
voltage reflection and hence over voltage appears at motor 
terminal [1]. 


IH. COMPLETE SYSTEM MODELLING IN MATLAB 


Modelling of inverter, cable and motor has been developed 
and the MATLAB simulation circuits are shown in Fig.3 for 
low and high frequency applications. All the three models are 
combined together to represent the complete PWM inverter 
fed ASD system. The total simulation model of the ASD used 
in MATLAB is shown in Fig. 3. In this model a certain length 
of cable is connected between the inverter and the motor of 
3HP, and a 420V pulse voltage is applicd to the motor through 
cable. The pulse initiated at the cable will be reflected at the 
motor terminal due to impedance mismatch between the cable 
and the motor. The effect of voltage reflection causes 
overvoltages at the motor terminal. The simulation results 
showing the overvoltages at motor terminal for different cable 
length and HP ratings is shown in next section. 


SYSTEM PEPRESLHFATION Ut MATLAB 
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Fig. 3 System representation m MATLAB 


IV. SIMULATION AND EXPERIMENTAL ANALYSIS 
OF TERMINAL OVERVOLTAGES 


The DC supply to the inverter is 420V and the inverter 
switches at a frequency of 2 kHz. Fig 4 shows the linc to line 
voltage output of the PWM inverter for a simulation time of 
20ms.The waveform appears clean and free from overvoltages; 
this is from the source reflection coefficient equalling —1. A 
closer inspection of the output can be made in Fig.5, which is 
zoomed in to show only six pulses of the output waveform [2]. 
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Fig. 5 Line voltage at source zoomed 

Fig .6, the line to line voltage waveform at the motor 
terminals, shows that there are overvoltages occurring at every 
pulse generated by the source. The majority of the 
overvoltages are less than or equal to 2pu, but a few exceed 
2pu (these will be discussed further on). Fig. 7 shows the 
voltage waveform zoomed into six pulses of Fig 6. 
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Fig. 8 Zoomed line voltage of Fig. 329 at the motor terminals with 100m 
cable 


Fig 7 shows the overvoltages occurring both at the rising 
edges and the falling edges of the pulses. Fig 8 is zoomed in 
on one rising edge pulse showing a 2pu (900V) peak 
overvoltage and its subsequent decay. 

Thus overvoltages arc dependant on cable to motor surge 
impedance mismatch, cable length and magnitude and rise 
time of ASD output. Cable length affects the impcdance, 
oscillation frequency and damping of  overvoltagcs. 
However, with cables longer than the 2pu critical length of 50- 
200m for IGBT devices, overvoltages can become much larger 
than 2pu, on the order of 3-4pu. It has been determined that 
overvoltages >2pu arc dependant on drive modulation 
technique, carrier frequency, cable natural frequency (f,) of 
oscillation, cable high frequency damping losses and inverter 
output rise time. If the carrier frequency is fast enough and the 
damping is low enough a residual overvoltage will remain 
while the next ASD pulse arrives at the motor terminals. Now 
not only is there a 2pu overvoltage as the incident pulse ıs 
reflected but there 1s also the oscillation overvoltage and its 
reflection. The new overvoltage is the sum of the pulse, the 
overvoltage oscillation, and two reflections, this peak can be 
as high as 4pu. An example of this type of >2pu overvoltage 
can be see in Fig. 9, from the results of the above simulation. 
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Fig. 9 Overvoltage greater than 2pu as two oscillations double up 


In the left side of the figure a falling edge overvoltage can 
be seen, but before the transient has time to decay the next 
pulse has arrived causing another overvoltage and transient, 
the two waves and the pulse sum to form the new overvoltage. 
The highest of these overvoltages reaches 1100 volts almost 
3pu. 

There are other causes of >2pu overvoltages as given in 
some papers [3]. They are termed as double pulsing and 
polarity :cversals. Double pulsing is similar to that mentioned 
above, where a pulse and a reflected wave meet the motor 
terminals at the same time. A double pulse is additionally 
dependant on the dwell-time of the ASD pulse, the longer the 
dwell time the more likely double pulsing will occur. With 
longer dwell times the reflected oscillation remains in the 
cable longer, as compared to the time of the next pulse, 
allowing the next pulse to arrive at the motor terminals and 
double up with the existing oscillation. 

Polarity reversals occur when modulating signals are 
transitioning in and out of over modulation or at the point of 
intersection of two modulation waveforms [4]. When the 
transition occurs the pulse will change from a positive value to 
a ncgative value, essentially a pulse of magnitude twice what it 
would normally be. This large pulse, like the others, travels to 
the motor terminal and is reflected, but this reflection is much 
larger than the others as the, pulse is larger. This is an extreme 
overvoltages greater than 3pu. Fig.10 shows the 2-dimentional 


plot of variation of peak voltages vs cable length. 
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The Fig. 11, the voltage waveforms obtained during the 
experimental analysis with 3HP induction motor, verifies that 


540 


Proceeding of International Conference MS’07, India, December 3-5, 2007 


overvoltages occur at the motor terminals. 
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Fig 11 PWM inveuter output voltage and motor terminal voltage waveforms 
for 3HP with 14m cable 
TABLE-I 
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Observing Ae 10, 11 and Table-I, overvoltages at motor 
terminal increases due to increase in cable length connected 
between motor and inverter. 

Motor rating is also the region for occurrence of 
overvoltages at the motor terminal. The Fig.12 shows the 
effect of HP rating on overvoltages. 
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Fig 12 Line to line voltage at motor and inverter terminals for 3HP, ISHP 
motors for a cable length 14m 


TABLE-II 


EFFECT OF MOTOR RATING FOR A CABLE LENGTH=60M; RISE TIME=20ns, 
APPLIED VOLTAGE OF 420VOL1S 
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Observing from Fig. 12 and Table-II, the higher rated 
motors experience less peak voltage magnitude as compared 
with lower rated motor. 
Since the machine will be damaged by large overvoltages, it 
is necessary to find a solution. There are passive filters and 
line terminators are the two methods to date that deal with 


overvoltages on induction machines with respect to long cables 
and PWM. 





V. CONCLUSIONS 


This paper represents modelling of the set-up consists of 
PWM sinverter-cable-induction motor and _ overvoltages 
analysis. The overvoltages are dependant on cable to motor 
surge impedance mismatch, cable length and magnitude and 
rise time of PWM inverter output. Cable length affects the 
impedance, oscillation frequency and damping of 
overvoltages. These overvoltages may go upto 2 pu. 
However, with cable lengths greater than the critical length,, 
the overvoltages can become much larger than 2 p.u, of the 
order of 3-4 p.u. 
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Abstract— In the steel strip manufacturiag industries, the 
steel clothes go through various processes (such as slitting, heat 
treatment, oil quenching etc.) before being delivered to the 
market with the destred quality. This needs a controlled speed of 
the strips which initially come out of a spool driven by a de drive 
called the decoiler and are finally wound back on another spool 
driven by another de drive called the coiler. Thus the speed of the 
decoiler increases while that of the coiler decreases. This 
disparity in the speeds of the two drives may change the quality 
of the final product. 


This paper describes a method to be employed to 
overcome the above mentioned problem. The proposed feedback 
control system is based on an 8051 microcontroller. Opto- 
interrupters are used to measure the speeds of the two drives and 
a Linear Variable Differential Transformer (LVDT) is used to 
measure the sag of the stecl strip for producing the feedback 
signals. A prototype of the model has been developed in the 
laboratory to carry out the above experiment and the results are 
discussed below. 


Key words—DC drives, sag, speed control, tension. 


I. INTRODUCTION 


he quality of steel as a product from a steel strip 

manufacturing industry depends on how well the different 
processes are controlled which it has becn taken through one 
after the other. The material properties of stee! do not meet the 
requirements even if any one of the control parameters of 
these processes varies during the operation. One such 
important paramcter is the time duration of each process 
which must be controlled to perfection. Since in the stec! strip 
manufacturing industrics, a long strip passes through the 
processcs (e.g. slitting, heat treatment etc.) at a stictch, it is 


basically the speed of the strip which has to be controlled. 
Now, the strip is initially wound on a spool and is unloaded by 
a de drive (decoiler) and after going through the processes, 1 
is wound on another spool driven by another dc drive (coiler). 
So the speeds of the two de drives have to be controlled [1]- 
[4]. Also, there must not be any sag of the strip so that its 
tension control becomes the other criterion. 

The method that has becn employed to address the 
above stated problem is that the speed of the decouler drive is 
controlled according to the set points from a look-up table for 
which the speed of the strip coming out of the decoiler spool is 
maintained at the desired value. The speed of the coiler drive 
is controlled by examining the sag of the strip in order to 
minimize the sag. An 8051 microcontroller [5]-[10] is used as 
the controller unit. 


If. THEORY 


If ‘v’ cm/s be the speed at which the strip traverses 
during the process, ‘r cm be the radius of the decoiler spool 
without any strip wound on it, ‘m’ be the number of the turns 
of strip initially wound on the decoiler and ‘t’ cm be the 
average thickness of the strip, then after ‘m revolutions of 
decoiling, the number of pulses per second to be obtained 
from the corresponding opto-interrupter 1s given by 


Py = 60v / [2 x 3.141 x {r+ (m-n) t}] 
The constant value ‘60’ belongs to the number of 


pulses that is obtained from the opto-interrupter for one 
revolution of the corresponding spool in our model (Figure 1). 
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sensitivities (K.) of both the control actions. 
Also, to take care of the variation of load variable 


ate throughout the process (the decoiler load decreases whereas 
egy the coiler load increases with time), provision for changing the 


9 TN proportional sensitivities for both the decoiler and coiler 
ea control actions were taken care of during the process by 


Figure 1: The model of the Decoiler-Coiler system. 


Equation (1) shows that throughout the operation, the 
pulse rate from decoiler should increase as the number of turns 
of strip on it decreases. The nature of this increment, i.e., the 
number of pulses to be obtained per second from the 
corresponding opto-interrupter versus the number. of 
revolutions of the decoiler spool is shown in graph 1. 


Substituting the values of the different parameters 
used in equation (1) for our system, the look-up table of set 
points for the decoiler drive is developed. 


v=2 cn/s,r=2.5 cm, m = 30, t= 0.089 cm 


apm iw Co oe CI CA ~2 OO SO 
Seiad STI SECA BSA rt Bc a a ae ea 


Set point (No. of pulses/s, Pd) 





No. of decoiler revolutions (n) 


Graph 1: Change of decoiler set point with number of 
revolutions. 


The speed of the coiler drive, on the other hand, is 
controlled by comparing the output of the Linear Variable 
Differential Transformer, which is used to measure the sag of 
the strip, with the set point corresponding to no sag. 


Out of the numerous standard control actions, 
pioportional control action is chosen to control the speeds of 
both the drives, which is given by 





following another look-up table in the software. Since the 
motors are identical in electrical specifications, it is assumed 
that the nature of decrement of K, for decoiler is identical to 
that of the increment of Ke for coiler. Hence, same look-up 
table for both the drives are used. 


IO. BLOCK DIAGRAM 


The block diagram of the system is shown in Figure 
2. It reveals that the LVDT is used to measure the sag of the 
strip. Its output is signal conditioned, converted to an 8 bit 
digital word with the help of an analog to digital converter [5] 
and is finally fed to 8255#! which is one of the two available 
8255 programmable peripheral interfaces (PPIs) [11]. Opto- 
interrupters (MOC 7811) are used to measure the specds of the 
two spools. Port C of the other PPI (8255#2) monitors the 
output voltages of the opto-interrupters and accordingly 
produces the clock pulses for counter | and counter 2 of 
programmable counter 8253 [11]. Ports A and B of 8255#2 are 
used to send the control action signals to the two DC drives. 
Each of these control action signals is an 8-bit digital word 
and thus they are first converted into analog voltages using 
digital to analog converters. After signal conditioning, cach of 
these analog voltages is used to produce a rectangular 
waveform having a proportional duty cycle. These waveforms 
are amplified using motor controller circuits [12] and are 
finally fed to the two motors. 


IV. DEVELOPMENT OF THE SOFTWARE 
ALGORITHMS 


The software is developed on a DYNA-51 system 
development kit provided by Dynalog India Private Limited. It 
uses an 8051 microcontroller as its Central Processing Unit. 
To develop the software, the following are considered: (1) The 
pulses from  opto-interrupters are counted by the 
programmable counter 8253, (2) The on-chip timer T1 [6]-[7] 
of 8051 is used to produce a delay of 1s, (3) The numbers of 
pulses obtained per second from both the opto-intesrupters are 
written in two separate portions of the RAM. 
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Figure 2: Block diagram of the system 


V. CONCLUSION 


Assembly language [6]-[7] 1s used to write the 
software. The algorithms for the main program and different 
subroutines are given in appendix ın detail. The decoiler-coiler 
system responds satisfactorily when the software is executed, 
The look-up table for the proportional sensitivities of both the 
control actions is having all identical values as trial runs. 
Development of the thcory to find out the nature of change of 
the proportional sensitivities and to tune the control system 
remains as the tasks to be carried out in future. 


APPENDIX 
Algorithm 1; The main program 


(Look up tables for set points of decoiler and proportional! 
sensitivities of both the controllers are initially included before 
the instructions of main program.) 


Steps: 


I. Clear timer | start bit. 

2. Initialize 8255#1 ports as follows: Port A and Port B 
as input, Port C as output. 

3. Initialize 8255#2 ports as follows: Port A, Port B and 
Port CL as output, Port CH as input. 

4. Reset PCO of 8255#2. 

5. Reset PC1 of 8255#2. 

6. Initialize counter | of 8253 as a 16 bit binary counter 
in Mode 0. 

7. Load both the lower and upper bytes of the counter | 
with FFH. 
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10. 


lI. 


Initialize counter 2 of 8253 as a 16 bit binary counter 
in Mode 0. 

Load both the lower and upper bytes of the counter 2 
with FFH. 

Load RO. R1, R2 and R3 registers of bank 0 with 
count values for level sensitive counting. 

Load R4 of bank 0 with initial number of seconds’ 
valuc OOH. 


. Load R5 of bank 0 with count value for producing | 


second delay. 


. Load R6, R7, R3 and R5 of bank 2 with initial 


values. 


. Load RJ, R2 and R3 of bank 3 with initial values. 

. Enable timer TI interrupt. 

. Initialize timer Tl in Mode 1. 

. Load Ti lower and upper bytes with the initial values 


for producing Is delay. 


. Read Port C of 8255#2. 
. Wait until PC7 of 8255#2 is set to logic 1. 
. Send initial control action words to Port A and Port B 


of 8255#2. 


. Start timer TI. 
. Enable oscillator of ADC and send Start of 


Conversion (SOC) pulse through 8255#1. 


. Read Port C of 8255#1. 
. Call the coiler subroutine if the ADC has set End of 


Conversion (EOC) bit. 


. Read Port C of 8255#2. 

. Jump to step 32 if bit PC4 is in logic 1. 

. Otherwise reload counter R1. 

. Decrease counter RO and jump to step 25 until RO 


contains 0. 


. Reset PCO of 8255#2. 
. Reload counter RO. 
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47. 
48. 
49. 


. Jump to step 36. 
. Reload counter RO. 
. Decrease counter RI and jump to step 25 until RI 


contains 0. 


. Set PCO of 8255#2. 

. Reload counter R1. 

. Read Port C of 8255#1. 

. Call the coiler subroutine if the ADC has set End of 


Conversion (EOC) bit. 


. Read Port C of 8255#2. 

. Jump to step 45 if bit PCS is in logic 1. 

. Otherwise reload counter R3. 

. Decrease counter R2 and jump to step 38 until R2 


contains QÔ. 


. Reset PC! of 8255#2. 

. Reload counter R2. 

. Jump to step 49. 

. Reload counter R2. 

. Decrease counter R3 and jump to step 38 until R3 


contains 0. 

Set PCI of 8255#2. 
Reload counter R3. 
Jump to step 23. 


Algorithm 2: The coiler subroutine 


Steps: 


Send fogic state 1 to Output Enable (OE) pin of 
ADC. 

Read ADC output. 

Move output of ADC to R7 register of bank 3. 

Read set point of LVDT. 

Clear carry. 

Subtract content of R7 register of bank 3 from 
content of accumulator. 

Jump to step 16 if carry flag is set. 

Move content of accumulator (A) to register B. 


. Load A with the content of memory location pointed 


by register R1 of bank 3. 


. Multiply A with content of register B. 

. Move content of A to register R7 of bank 3. 

. Load A with data 80H. 

. Clear carry. 

. Subtract content of R7 register of bank 3 from 


content of A. 


. Jump to step 27. 

. Move content of A to register R7 of bank 3. 

. Load A with data FFH. 

. Clear carry. i 

. Subtract content of R7 register of bank 3 from 


content of A. 


. Increase content of A by 1. 
. Move content of A to register B. 
. Load A with the content of memory location pointed 


by register RI of bank 3. 


. Multiply A with content of register B. 
. Add data 80H to A. 

. Jump to step 27 if carry flag is not set. 
. Load A with data FFH. 
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27. 
28. 


29. 


Steps: 


Send the content of A to port B of 8255#2. 
Enable oscillator of ADC and send Start of 
Conversion (SOC) pulse through 8255#1. 
Return, 


Algorithm 3: Interrupt service routine for internal timer 1 (T1) 


Clear TF1 flag. 

Decrease content of R5 by 1. 

Move content of R5 to accumulator (A). 
Jump to step 8 if zero flag ts set. 

Load T! lower and upper bytes with the initial values 
for producing Is delay. 
Set TRI bit. 

Return. 

Increase content of R4 by I. 

Load R5 of bank 0 with count value for producing Is 
delay. 


. Load Ti lower and upper bytes with the initial values 


for producing Is delay. 


. Set TRI bit. 

. Move content of R4 to R6. 

. Move content of R4 to R7. 

. Read counter | of 8253. 

. Select memory bank 2. 

. Move content of A to R2 (bank 2). 

. Read counter 2 of 8253. 

. Move content of A to R4 (bank 2). 

. Move content of R6 (bank 2) to A. 

. Clear carry. 

. Subtract content of R2 (bank 2) from content of A. 
. Move content of location 12H to 16H. 

. Initialize external RAM location COOOH. 

. Increase the initialized external RAM location by 1. 
. Decrease the content of R6 (bank 0) and jump to step 


24 until the content becomes zero. 


. Send content of A to location pointed by DPTR. 

. Move content of A to location 20H. 

. Exchange content of A with that of R3 (bank 2). 

. Add content of R3 (bank2) to that of A. 

. Load resister B with value 3CH. 

. Divide A by B. 

. Compare content of A with value OII and jump to 


step 40 if not equal. 


. Increase content of 1AH. 
. Select memory bank 3. 
. Compare content of R2 (bank 3) with value ] EH and 


Jump to step 37 if not equal. 


. Jump to the stop subroutine. 

. Come back to memory bank 2. 

. Move content of IAH to ICH. 

. Increase content of ICH by 1. 

. Move content of B to 13H. 

. Move content of R7 (bank 2) to A. 

. Move content of 14H to 17H. 

. Initialize external RAM location EOOOH. 

. Increase the initialrzed external RAM location by I. 
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45. 


46. 
47. 
48. 
49. 
50. 
5I. 
32, 


53. 
54. 
55. 
56. 
a7. 
58. 
39. 
60. 
61. 


Decrease the content of R7 (bank 0) and jump to step 
44 until the content becomes zero. 

Send content of A to location pointed by DPTR. 
Move content of A to location 21H. 

Exchange content of A with that of R3 (bank 2). 
Add content of R5 (bank 2) to that of A. 

Load resister B with value 3CHI, 

Divide A by B. 

Compare content of A with value OIH and jump to 
step 56 if not equal. 

Increase content of 1 BH. 

Move content of IBH to IDH. 

Increase content of 1DH. 

Move content of B to 15H. 

Load RO (bank 2) with value 7EH. 

Load 18H with value 40H. 

Decrease content of RO (bank 2) by 1. 

Decrease content of 18H by 1. 

Decrease the content of 1CH and jump to step 59 
until the content becomes zero. 


. Load A with the content of memory location pointed 


by RO (bank 2). 


. Clear carry. 


Subtract the content of 20H from that of A. 


. Jump to step 76 if carry flag is set. 

. Move content of A to B. 

. Select memory bank 3. 

. Load A with the content of memory location pointed 


by RO (bank 3). 


. Come back to memory bank 2. 

. Multiply A by B. 

. Add value 80H to A. 

. Jump to step 74 if carry flag 1s not set. 
. Load A with valuc FFH. 

. Send content of A to port A of 8255#2. 
. Jump to step 93. 

. Move content of A to 1 EH. 

. Load A with value FFH. 

. Clear carry. 

. Subtract content of 1EH from A. 

. Increase content of A by 1. 

. Move content of A to B. 

. Select bank 3. 

. Load A with the content of memory location pointed 


by RO (bank 3). 


. Come back to bank 2. 

. Multiply A with B. 

. Move content of A to LEH. 

. Load A with value 80H. 

. Clear carry. 

. Subtract content of IEH from A. 

. Jump to step 92 if carry flag is not set. 
. Load A with value 00H. 

. Send content of A to port A of 8255#2. 
. Move content of 21H to 19H. 

. Increase content of 19H. 

. Decrease content of 1DH by ! and jump to step 94 


until the content becomes zcro. 


. Come back to bank 0, 
. Return. 


Algorithm 4: The stop subroutine 


Steps: 


[i] 


[2] 


[3) 


[4] 


(3) 


[6] 
(7] 


[8} 
(9) 


I. Load A with value OOH. 
2, Send the content of A to ports A and B of 8255#2. 
3, Repeat step 3. 
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Abstract--A| new procedural algorithm, for coordinating 
multilateral trade, in a restructured electricity market, ts 
presented in this paper. Transmission Service Providers iterate 
load flow to least loss formulation and through transmission 
charges guide injections towards optimum. Power vectors 
coordinate coalition formation. 


Key words -~—Co-operative Game theory, Electricity Market 
Restructuring, Graph Theory Applications, Graph Theoretic 
Allocations 


I. INTRODUCTION 


N a power system, with many generator and load buses, 

graph theoretic allocation [1] of loads to generators provides 

interesting study. On computation, it is scen that at any bus, 
for a particular load, allocation from a generator to that load 
varics as the total generation at any bus varies. Table I 
(Appendix) illustrates a five bus case. The table shows that 
actual power that flows to a load ts different from what is 
contracted by the agent at that bus and depends on deals struck 
by other agents at other buses. Clearly, what is paid for is 
different from what an agent gcts. Restructuring of the power 
sector must address this issue. Here, a coalitional k-lateral 
trade is proposed to obtain justifiable allocations. 
Electricity market restructuring has several models [2] [3] [4] 
and all implementations have as yet not addressed all the 
challenges [5]. Persistent gaps [6] arc reported in the interface 
between engineering aspects of system operations and 
economic aspects of market operation. The distributed 
electricity market, envisaged by coordinated multilateral trade 
[7] to [11] assures autonomy of end-users and hence economic 
efficiency. Sufficiency of network, the concern of 
Transmission System Provider (TSP), is attained through 
curtailment or adjustment bids. Since the concept of electricity 
market originated from the need for reduced prices and 
reliability of network, coordinated multilateral trade is the 
model on which developments are proposed. 
When conflicting motives exist coordination is of ‘utmost 
importance and the role of the coordinator can be fulfilled best 


by the TSP. Coordination by the Power System Operator 
(PSO), through curtailment measures [7], [11] may be viewed 
with suspicion by the end-users. Also, curtailment schemes 
being unilateral will not be acceptable to all without 
misgivings. If a solution is not obtained within time sub- 
optimal operation results .Trade volume reduces. Moreover in 
third world countries like India line loss is the issue and not 
congestion. Hence, Transmission Service Charges (TSC) is 
proposed as instruments of coordination to lead the power 
system towards least loss performance. An efficient design of 
transmission policies and tariffs makes TSP active decision 
makers unlike in [7] and guide the transaction towards a 
coordinated least loss multilateral trade. 

The proposal for coordinating energy and transmission trade, 
using transmission pricing signals derived from net node 
injections [12] accords this flexibility to TSP. However usage, 
losses and congestion are flow dependant. Graph theory [1] 
when used to calculate contributions of loads and generators to 
line flows indicate that larger loads or generators do not imply 
larger loss. Clearly, node injections: are not useful for 
transmission pricing. Three ideas cmerge at this juncture. 
TSC design must be transmission line flow based. The tariff 
for transmission should penalize deviations from least loss 
flow along each and every line. End users must have incentive 
to self-curtail or to contract additional trades such that larger 
amount of power is forced along lines with lower resistances. 
Line flow dependant TSC is proposed here for coordinating 
trades. Penalizing trades which cause deviation from least loss 
formulation is proposed to be included in the design for 
guidelines for tartff. To reduce the impact of penalties the 
market participants need to co-operate, negotiate with other 
agents and form socially stable core [13], [14} to derive 
maximum benefit. The power vector [!5} is another 
instrument that is proposed here to initiate negotiations (and 
designed to be released by the TSP corresponding to least loss 
formulation) for forming stable coalitions i.e. which achieve 
maximum social welfare. 


A. Co-operative Game Theory (CGT) 


Unlike non-co-operative game theory which is a detailed 
model of all the moves available to the players, CGT abstracts 
away from this level of detail and describes only the outcomes 
that result when players come together in different 


547 


Proceeding of International Conference MS’07, India, December 3-5, 2007 


combinations. Hence it could also be termed combinatorial 
game theory and is more suitable in clectricity market 
structure because it embodies co-operation among players and 
also compctition in a particularly strong and unfettered way. 


B. Socially Stable Core 


A situation in which a finite set of players can obtain certain 
payoffs by co-operation is described as a co-operative game 
with transferred utility Also, for a given social structure c.g, a 
network, a hterarchical ordering or some dominance relation 
exists in any subsct of players. For every coalition, such an 
underlying social structure is defined by a power vector whose 
components reflect the strengths of individual members of the 
coalition within the social structure. More powerful players 
are able to increase their payoffs at the expense of the Icsser 
powerful players unless they move to alternative intemal 
organizations. For a payoff vector to be in the socially stable 
core there should be neither incentives to deviate from an 
economic point of view, nor from a social one. A payoff 
vector is economically stable if it is feasible and non- 
dominated. If there is a weighted sum of these power vectors 
that gives all individuals the same power, then individuals are 
cqually powerful at the proposed payoff and the payoff vector 
is called socially stable. 


C. Digraph and power vectors 


Power vector of a coalition is completely determined by the 
social structure along which the coalition is organized. In 
clectricity markets the social structure ts given by a directed 
graph on the set of players. A directed graph consists of nodes 
and directed edges. The nodes now are either predecessors or 
successors and if every node is neither its own predecessor nor 
successor, a graph with such nodes is irreflexive and called a 
digraph. Here the method used to measure powcr of nodes 
(players) consists of a node, deriving power, from both the 
number as also power of its successors [15] as given below. 

Let A be the collection of irreflexive digraphs on the vertex set 


N ={1,2,... n} with (ije NXN denoting the arc ij. The 
positional powcr function is the function f” :A 0 * which 
maps each AEA to 


l 

pP(A)=—U-=T*y" 54 x 
noon 

Here 7% is the adjacency matrix of A, with the ij" entry 


tf =1 if (i,j) is an arc of A and 0 otherwise, and s^ is the 


score vector giving the number of successors of cach node. 
This paper proposes a two level computational framework for 
multilateral trade coordinated through flow based transmission 
signals coalitions, derived from power vectors. In section II a 
basic outline of the method is described with underlying 
assumptions. The method of using demand data of the agents 
for obtaining least transmission loss condition and application 
of power vectors for guiding the transaction towards least loss 
formulation are also explained. In section DI the algorithm 
procedure 1s illustrated, through a five bus model. 
Conclusions, including scope for future research are dealt with 
in Section IV. 


II. SOCIALLY STABLE COORDINATED MULTILATERAL TRADE 
MODEL 


A. Model outline 


The cost-benefit figures of the profit motivated end users are 
not readily available and if released are not reliable. On the 
other side there is the TSP which has access to network 
configuration data and is concerned with network reliability. 
Thus there are two premises for information derivation and so 
two levels of computations. Thereafter co-operation is 
suggested for undertaking the transactions, which while 
maximizing benefits to the end users, minimizes the social 
welfare cost. Pricing signal that can be used to implement the 
latter is derived from transmission line flows; and cooperation 
is effected through negotiated collaborations based on 
individual power vectors. 


B. Procedural Algorithm steps 


The steps are outlined below: 

1) The system operator announces the network data (available 
transmission linc configuration, impedances and limits), tariff 
policies (for linc usage- e.g. MW-Mile, loss and congestion 
allocation to trade, ancillary service). 

2). Brokers arrange trades. perform load flow and submit bus 
injections and line flows with directions in the form of power 
vectors for k-lateral trade. 

3) TSP performs load flow analysis and least loss itcrations, 
computes transmission charges (penalizing deviations from 
least loss formulation) and power vectors and publishes these, 
which help the agents to start negotiating. 

4) Brokers find mutually beneficial trades that reduce cost of 
transmission and form socially stable coalitions. Reliability is 
improved and additional trades are shopped. 

5) Final demand is conveyed and scheduled and TSP is 
obligated to implement this agreement honoring the charges 
already communicated. 

6) Anomalies from the committed schedules can be 
compensated by the TSP if practicable. 

Assumptions in the model are 

I) Approximate line flow is used with relevant assumptions 

2) All assumptions associated with rational behavior of agents 
in co-operative game theory environment are considered valid. 
3) Only one agent is associated with each node/bus. 


C. Least loss Formulation & Use of power vectors 


Once k-lateral agreements are made by end users, they 
communicate to TSP the amount of power at the point of 
intended injection but keep their cost-benefit data private. TSP 
collects data for all n nodes performs load flow analysis and 
arrives at the total loss on the transmission line using the 
following equations. 

For a network with N nodes, / lines, M reduced incidence 
matrix (size {x N —1), z net injected power at N-/ nodes y,. net 
power injected at node j, z vector of line flows, z flow through 
line į ,R primitive resistance matrix (NXN ) 


z=R'M(M'R'MYy'y (line flow eq.) (2) 
P= z` Rz (transmission loss eq.) (3) 
N 
> y,- =0 (energy balance eq.) (4) 


jal 
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The differential of the loss function with respect to power at TABLE IH 

cach bus when set to zero while keeping injections at all other EINE AND ILOW DATA USING AEERO AND ESOC EME? 
buses constant gives the generation at that bus for least loss for 
such a schedule. Of the schedules, one formulation with power 
loss on lines Icast, amongst all. schedules gives the least loss 
formulation. Allocation of losses or derivation of TSC will be 
based on deviation of line flow in this schedule and individual 
line flows already submitted. Calculations are shown below. 





P=2'Rz Total power shuttlin 
=(R'M(M'R'MY'y) RR'M(M’R'MY'y (5) PI GinMW) | y 
=y(R Y y i Analysis: Approximate method and load flow analysis results 
where R, =(M7R™M) ` correspond. A total load of 165MW causes shuttling of a total 
j 255.6MW and line loss of 4.77MW. Each possible trade i.e. 
Solve f oF, -0= $ 2 6 each load alternatively met by generators at all other buses is 
re Manny se et jal Sij? j (6) considered and computations submitted as in Table IV 
t TABLE IV 


-1 T 
where ie N and g, isthe Tä dlementof hi) LOAD ON ONE BUS AND GENERATORS ON ALL OTHER BUSES 


Power vectors are derived for the most desirable | Sum _ | 25.4 | 35.7 | 36.2 | 29. 
transaction(s). The agents now arrange or re-arrange trades to 2 
reduce the impact of TSC i.e. to maximize their profit and are 
guided by the power vector released by the TSP for lowest 
transmission charges and negotiate with other agents for 
achieving this. Final demand functions are communicated or if 
necessary iterated with the co-operation of the TSP till all end 
users are satisfied. 


IN. DEMONSTRATION ON A FIVE BUS POWER SYSTEM 





A. Case Study - 5 Bus Power Systems 


A 5 bus powcr system example with two suppliers and four 
consumers ıs taken. (Fig.1. & Table II & I) Analysis: Load at bus 2 and 5 are best met by generators at 
i bus | for least loss and minimum power shuttling over the 
network. Similarly load at bus 3 when met by generators on 
bus 4 and vice-versa lead to optimal network usage. 
Computations at second level, at TSP premises is conducted as 
a load flow by treating injection at all buses as a collection of 
trades or as a k-lateral trade. There are four possible trade 
schedules- generators on bus | and on every alternate bus i.c. 
bus 2(Typel), bus 5(Type2), bus 4(Type3) and bus 3(Type4) 
meeting total load requirements. There are eight such 
combinations as the ratio of allocation of generation is varied 
with the second generator’s share, increasing from 0 to 
165MW. The impact is given in the different columns of Table 
Fig. 1. Five bus power system V including power vectors. There is a reduction of total power 
shuttling through the lines and a corresponding reduction of 
total loss (Fig. 2 to 5), a least value, and thereafter an upward 
trend. The loss on line is plotted with generators on slack bus 





TABLE! I : 
BUS DATA FOR FIVE BUS POWER SYSTEM 


aus. h- ho ee aa taking on loads from 165 to OMW of power. 
Gen (MW) Slack | 40,30 Į- J- [- | B. Inferences 
LoadiMw) | Slack 45.15 |40,5 |6010 


I1) For all the 4 types of load schedule transmission loss and 
So using the frame-work given for load flow analysis, total total power shuttled converge to a minimum. If line loading 
power shuttling over the lines, consequent losses and power Can be controlled, network security can be ensured. The 


vectors (all including ground bus) are computed and analyzed. overall effect of all trades, on the lines, can be computed by 
the TSP but control has to be effected by the end-users. This 


interface can be provided by transmission price signals. All 
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the three components of transmission service charge- usage, 
congestion and loss on lines should come from such a 
monitoring of line loading in the design of the TSC. 

2) The least loss formulation corresponds to type 3 trade, 
where 82.5 MW ıs dispatched trom bus-4, line loss is the least 
and equal to 1.6 MW and total line loading ıs 160.05 MW. 
Both TSC and gencration expansion signals can be derived as 
functions of the differences from these optimal values. 

3) Corresponding to loss/loading variation, there is also a 
transition in the power vector values. This transition is an 
identification of reversal of flow through particular lines and 
provides an approach ioute for cend users to negotiate a 
transaction that minimizes their TSC. It is suggested that TSP 
coordinate negotiations such that coalitions are formed to 
reduce line flows, with agents adjacent to buses with 
maximum power and with appropriate agents for achieving 
these through particular lines. 

4) The TSC minimization is at the expense of TSP bencfits. 
However by acting as agents at selective bus(es), or using 
ancillary services the benefit can be regained, by causing 
counter-flows without affecting the social cost. 

5) The power vectors provide interesting perspectives for 
analysis. The optimal point of operation is recurrently gives a 
power nearest to 0.5 for the ground bus. It is unique if it is a 
transition point, It provides an intuitional understanding of the 
flow direction for least loss; especially in terms of which line 
should carry more power at the expense of which lines. 


IV. CONCLUSION 


A socially stable coordinated least loss multilateral electricity 
market has been modeled. An application to a 5 bus power 
system indicates that power vectors guide the agents towards 
coalitions sharing the responsibility of maintaining security of 
the system. Least loss formulation is effected through TSC. 
Also transmission expansion can be substituted, an advantage 
associated with the integrated system. The non- relevance of 
financial instruments 1s a notc-worthy advantage. No 
cuitailment of load, only a rescheduling of power flow 
directions and amounts, through a negotiated change in 
injections is needed; the scope for deriving generation 
expansion signals is also implied. Further research is an 
efficient TSC design, an algorithm for power vector based 
synchronized negotiation and derivation of generation 
expansion signals. 


APPENDIX 


TABLE I 
LOAD ALLOCATION TO GENERATORS 


en-1 129 7MW P1 Gen- 2- 
OMW- P2 Loss- 4.74 
- | 265MW -PI Gen- 2 
141 SMW -P2 Loss- IMW 


Gen- 1 43 9MW -P1 Cen- 4 
122 TMW — P4 Loss- 1 OMW 


en- 1 4335MW -PI Gen-3 
122.7MW - P3 Loss- 1 85MW 


-1 64MW -P1 Gen- 5 
102.75MW - P5 Loss- 1.77MW 


LOAD 
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TABLE V GENERATORS ON ALTERNATE BUSES AS PER 4 TYPES OF TRADE 
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Abstract — This paper presents a high speed fault 
identification technique based on wavelet transformation. 
The main aim of the paper to understand the wavelet 
technique analysis of different kinds of faults using 
wavelet transforms. In this paper, different HVDC system 
faults are considered . The simulation results are analysed 
„and shown that the application of wavelet technique leads 
to faster and reliable solution for fault identification. The 
results prove that the Wavelet transform technique is 
superior compared to the Time-Amplitude technique 


| INTRODUCTION 


The safety of a HVDC system depends on the fast 
detection and clearance of faults The traveling wave theory 
is used to provide the fastest protection. Long FTVDC lines 
are hence modeled as distributed elements as they cannot 
be analyzed with concentrated parameters. 


According to traveling wave theory, voltage and 
current traveling waves appear on the line when fault 
occurs. The fault generated traveling waves contain 
sufficient fault information that can be used for high-speed 
fault identification and line protection. In AC transmission 
lines, the amplitude of fault gencrated traveling waves 
changes with the voltage angles. There is a problem for the 
traveling wave protection when faults occur near voltage 
zero crossing. However, there is no such problem for DC 
transmission lines so that traveling wave protection ts 
ideally suited for HVDC lines. 


In HVDC systems, commutation failures in the 
converter station and single-phase short circuit faults at the 
AC side are similar to HVDC line faults. It is an important 
requirement of HVDC line protection that different fault 
types be identified and the correct decision be made as fast 
as possible. 


However, a fast and reliable fault identification is still a big 
challenge. It is not easy to identify HVDC faults by using 
pure frequency domain based methods or pure time 
domain based methods. The pure frequency domain based 
methods are not suitable for the time-varying transients 
and the pure time domain based methods are very easily 
influenced by noise. 


The wavelet transform provides a new approach for 
analyzing time-varying transients. It has the capability of 
analyzing signals simultaneously in time and frequency 
domain. Moreover, it can adjust analysis windows 
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automatically according to frequency, namely, shorter 
windows for higher frequency and vice visa. Hence it is 
suitable for characteristic identification and traveling wave 
protection [1-4]. However, wavelet based fast 
identification and protection in HVDC systems is a 
relatively new field. 

In this paper, the behavior of different faults in HVDC 
power systems will be analyzed through wavelet transform 
and the identification criteria based on wavelet techniques 
will be proposed. ased on the above investigations, the 
high-speed HVDC line protection will be developed. The 
simulations are carried out with MATLAB. The results 
show that the wavelet techniques lead to a new way for the 
fault identification and the protection in HVDC systems 


2.FAULTS IN HVDC SYSTEMS 


For the analysis and the identification of HVDC system 
faults, different cascs are studied. A standard model of 12- 
pulse HVDC system under the MATLAB environment is 
used for the simulation. Figure.] shows the simulation 
model in which a 1000 MW (500 kV, 2kA) DC line is used 
to transmit power from a 500 kV, 5000 MVA, 60 Hz 
network to a 345 kV, 10 000 MVA, 50 Hz network. The 
DC line is 300 km long and the speed of the traveling wave 
is 296112 km/s. 

Figure.2 shows the voltages and currents of DC line at the 
rectifier terminal when (a) DC line short circuit, (b) 
commutation failure at the inverter station, (c) singlephase 
short circuit on the AC side of inverter station, and (d) 
normal operation condition as a reference case, 

From Figure. 2, we can sce that different types of faults 
lead to similar transient processes. It is not easy to identify 
the faults and to make correct protection decision fast 
within 3-5ms by using traditional methods. 


3. WAVELET TRANSFORMS 


The Wavelet transform transfers a time varying signal into 
a time-scale plane and thus can represent the original 
signal with time as well as frequency information. Each 
scale in wavelet transform corresponds to a certain 
frequency band and the time window widths are changed 
with scale or frequency automatically. Such 
multiresolution property is particularly suitable for 
analyzing transient signals. Another important reason why 
wavelet transform is attractive for engincers is because 
there are fast calculation algorithms based on filter bank 
structure. 
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Figure 1. Sumulation model 
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Figure 2. Fault in HVDC systems 


There are different algorithm structures for the wavelet 
transform. Considering a better time location and a better 
information keeping, we use the a’trous structure but 
without down-sampling blocks following the high pass 
filters. Figure 3 shows our filter bank where HO and H1 are 
low-pass filters and high-pass filters respectively. The 
outputs of high-pass filters are the wavelet 
transform of the original signal, called as 

Wavelet coefficients. 


© Geale) 





Figure 3. Wavelet filter bank 


The absolute local maximum values of wavelet coefficients 
are called wavelet modulus. maxima. If the mother 
wavelet is the first derivative of a smooth function, the 
edge of a signal can be represented well by its wavelet 
modulus maxima. Under above condition, the wavelet 
modulus maxima occur at an edge point, the polarity of the 





maxima shows the change direction of the edge, and the 
amplitude represents the changing intensity of the edge. It 
is proved that the wavelet modulus maxima satisfy the 
following relation. 


rsa" (1) 


Where, Wmax x(t) is the wavelet modulus maxima of 
signal x(f), A is a constant, s is scale and gis Lipschitz 
exponent. This relation means that the wavelet modulus 
maxima of an edge (a=0 or a>0) remain unchanged or 
increase in value while the wavelet modulus maxima 
caused by white noise (a<0) decrease in value when scale 
increases. Additionally, the number of wavelet modulus 
maxima caused by white noise decrease sharply when 
scale increase [6]. This makes a strong denoising function 
possible. The simulation results show that the wavelet 
modulus maxima represent the edges well even when 
signals are mixed with noise around 20% [7]. 


4, WAVELET ANALYSIS OF HVDC SYSTEM FAULTS 
The transients of the study cases above will be analyzed 
through wavelet transform. Each case is sampled at 80 kHz 
and 512 samples are taken for wavelet transform in 4 
scales. The Haar wavelet is used as the mother wavelet. 
HVDC line currents, HVDC line voltages and 
corresponding reverse voltage traveling waves are used as 
the input signals of the wavelet filter bank..Reverse voltage 
travelling waves are calculated with equation .2 

l, = (pe -Z iyc) 2 (2) 

Where ur is reverse voltage travelling wave, udc and Idc 
are the DC voltage and DC current respectively, and Zc ts 
the surge impedance of the HVDC line. 

4.1 Normal operations 
The DC current and DC voltage are steady with small 
changes around the rated values during the normal 
Operation conditions. Figure 4 and Figure 5 display 


seventh level decomposition of fault current in case of AC 
single phase and DC line fault respectively. 





Fig.4 Seventh level decomposition of fault current in case 
of AC single phasefaults using Haar wavelet. 
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Figure.S5 Seventh level decomposition of fault current in 
case of DC line fault using Haar wavelet. 
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Fig.7 Coefficients plot of DC line current faults. 

modulus maxima occur regularly and with small values: 
less than 0.04 for DC current, less than 40 for DC voltage 
and less than 20 for reverse voltage traveling wave. 


3.2 HVDC LINE FAULTS : 

HVDC line faults at different locations with different fault 
resistances are simulated. One of the HVDC line faults 
occurs at 135 km from terminal M and with zero fault 
resistance. Figure 8 shows the DC current at the terminal 
M and its wavelet modulus maxima in four scales. Figure & 
and Figure 9 display the 

DC voltage and the reverse voltage travelling wave at the 
terminal M and their wavelet modulus maxima in four 
scales. 
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Fig.8 DCcurrent during normal &Wavelet Modulus 
Maxima. 
It can be seen that: 
e The wavelet modulus maxima occur at every arriving and 
reflection instant of the traveling waves. The polarities 
appear regularly: positive and negative in turns. The values 
of the wavelet modulus maxima are much larger than ones 
during the normal operation conditions. 

4.3 AC SINGLE-PHASE FAULTS 
Figure 9 shows the wavelet modulus maxima of the reverse 
voltage travelling wave at the terminal M during an AC 
single-phase fault at the inverter station. Similar to the 
commutation failure, all wavelet modulus maxima in AC 
single-phase fault are less than 40, the polarities of 
modulus maxima remain the same for3ms. Therefore, the 
AC fault can also be identified surely from the HVDC line 
fault and the normal opcration with the setting (e.g. 100) 
value and the polarity change. 


HVDC Ime reverse voltage travelling waver 
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Unlike the commutation failure, the wavelet modulus 
maxima in AC single-phase fault occur with more density 
and relative larger value specially 3ms after the 
disturbance arrives at terminal M, and the polarities 
become positive and negative in turns after the unified 
polarity changes. Considering a fast identification in 3ms, 
the difference of the wavelet modulus maxima can be 
better used. Figure 12 shows the energy during 3ms on 
each scale. It can be seen that the difference between a 
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commutation failure and an AC 
discriminatedwith the energy. 

5 wavelet identification of HVDC system 
faults 
With the help of the above analysis of HVDC faults 
through wavelet transform,’ the criteria for the 
identification can be obtained. 
* For HVDC line fault identification, the amplitude of the 
first wavelet modulus maxima of reverse voltage traveling 
wave, denoted as 
ot 


fault can be 


should be larger than the setting value setting K .The 
setting can be taken as 100 for 500 kV HVDC lines. . 


Waa Ue S RK ise oies (4) 


¢ For identifying commutation failures and AC faults from 
the normal operation condition, the pattern of polarity 
change is used. During the normal operations, the 
polarities regularly change positive and negative in turns. 
It will be a commutation failure or an AC fault if the 
polarities remain the same for 3ms. 

For differentiation between a commutation failure and an 
AC fault, the energy of the wavelet modulus maxima on 
the scale 7 during 3ms are used. The 

energy, denoted as 
EW mU) 


should be larger than the setting value . The setting can be 
taken as 40 for 500 kV HVDC lines. 


E(WnaxUs) > Erening- +++ (6) 


Based on the identification of HVDC faults, a new high- 
speed HVDC line protection can be developed. In this 
protection, the fault location can be also obtained at the 
same time as the fault identification. The fault location is 
calculated according to Equation 7. The key here is the 
“Measurement of the time delay At. Considering that the 
reflection from the fault location (reflection factor is 
negative) is different than the reflection from the line 
terminal (reflection factor is positive), we measure the time 
delay between the first two opposite polarity wavelet 
modulus maxima.. Namely, if the first is negative, the next 
one should be taken with positive polarity. 


pa VAS 
2, 
PETITO (7) 
Where L is fault distance in km from the measuring point, 
At is the time delay in s 
v is travelling wave speed in km/s. 
6 Conclusion 


For high-speed HVDC line protection based on travelling 
waves, methods for transient signal analysis are necessary. 
Particularly, the identification with similar HVDC 
transients caused by faults is decisive. The wavelet 
transform provides a new possibility for this. In this paper, 
the different HVDC system faults are analysed and the 
criteria for the identification and the line protection are 
proposed. The simulation results show that the proposed 
approach based on the wavelet modulus maxima can make 


555 


a definite identification of HVDC line faults, commutation 
failures and AC single phase faults. The application of 
wavelet techniques leads to a faster, easier and more 
reliable solution for the identification of HVDC system 
faults and the development of new high- speed protection 
of HVDC lines. 
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Abstract— Dynamic Voltage Restorer (DVR) installed between 
a source and sensitive loads can restore the load voltage to its 
pre-fault value. To achieve this, it is necessary to transfer the 
energy and real power of a DVR to a distribution system. Due to 
the fact that the capability of stored energy is limited as a result 
of DC capacitors, it is essential to optimize the injected energy of 
a DYR when it is necded to approach the load voltage to its pre- 
fault value. Generally it is not necessary to achieve the exact 
value of pre-fault voltage and when the voltage falls behind a 
desired interval, the control is acceptable. In this paper, in order 
to minimize the produced power of a DVR, a characteristic 
function with some constraints is presented, and the voltage of 
the load is considered as a variable. Besides, a proper phase 
locked loop (PLL) to generate the reference signals is proposed in 
which harmonics and negative sequence voltage (if any) are 
climinated and therefore will not appear in the injected voltages, 
Regarding to these specifications, a PWM controller is proposed 
and its perfect performance in unbalanced voltage sag cases 
depicted in simulation results. 


Index Terms— Power Quality, DVR, Compensation, Voltage 
Sag, Optimization. 


I. INTROUCTION 


UE to the vast application of electronic switches in 

distribution systems, power quality problems such as 
sag and swell voltages, harmonics and unbalanced voltages 
have extremely increased. Besides, these problems have a 
great effect on Hi-Tech. equipment associated to 
communication, modern controller, automation and etc., and it 
is possible to lead a noticeable investment to be wasted. One 
of the most important aspects of power quality is reduction of 
dynamic voltage which means short-time decreasing in 
voltage amplitude in the interval of 10 to 90% of its nominal 
value that is known as the Sag or Dip. Under this 
circumstance, a new technology, known as the Custom Power, 
has emerged in order to improve power quality and reliability. 
Parallel and series compensators are categorized in this group. 
Basically, Parallel compensators such as distribution static 
compensator (DSTATCOM) are utilized in order to clear the 
effects of harmonics on the sources [2]. Series compensators 
such as DVR are mainly used to improve voltage quality [3]. 
DVR is placed between sources and loads, depicted in Fig.1, 
and compensates the voltage value. Ideally, the desired 
voltage value can be acquired where the stored energy of DVR 


is unlimited. But as a result of inherent constraints of DC 
capacity of DVR, full compensation of the voltage is 
impossible. Therefore, it is needed to optimize injected energy 
[4]-[6]. Additionally, an important issue in controller design is 
generation of reference signals. Otherwise, the controller will 
not create positive effect on improving system performance. In 
most loads, it is not necessary that the voltage be exactly equal 
to its pre-fault value. Therefore, in this paper we consider the 
voltage as a variable with an allowable tolerance and a 
performance function is defined. After optimization, the phase 
and the post-fault value of the load voltage are calculated in 
order to minimize generated power of a DVR. In this paper, 
also a new approach for generating reference signals for 
controller is proposed. Therefore the controller is designed and 
the result of simulation shows the effectiveness of this design 
in the case of lack of voltage even in unbalanced situations. 


Voltage Sag injection Voltage Load Voltage 





Fig. 1 DVR structure 
I. OPTIMIZING THE INJECTED POWER OF DVR 


Generally it 1s not necessary that the magnitude and the 
angle of compensated voltage be exactly equal to their pre- 
fault values. Therefore, an allowable tolerance for voltage is 
considered which depends on nature of the load. Usually, the 
interval of 90 to 110% for magnitude variations and 5 to 10% 
for angle variations are acceptable and they do not cause to 
trip loads. In Fig. 2, a vector diagram of compensated voltage 
is shown in which, Vpyg and / are amplitude of the load 
voltage, injected voltage of DVR and the load current 
respectively, and V, and 4, are amplitude and angle 
variations for each phase ( j=a, b ,c ) in the event of fault in 
the network. 
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Fig. 2. Vecto diagram of current and voltage in DVR 


If we consider Pi, Pow and Ppyr as input power of supply, 
consumed power of the load and generated power of DVR 
respectively, then the equations related to these powers are as 
fellows: 


Pa= Ý Va cos—0+65,)=3V,1 cos) (1) 
Y 


Pow = F, Vel cos(ġ) (2) 
vj 
Pox=P_ -P 8) 
\ Vi decrease J * 
-0 AAS 0 45 9 — afdeg) 


Fig.3. Generated power of DVR versus two controlling parameters of a 
and Vi 


According to (3) it is obvious that generated power of DVR 
depends on two parameters aand V;. 

Fig. 3 shows the effect of these two parameters on the 
generated power of DVR in extreme voltage sag situations. 
Therefore it is possible to noticeably decrease generated 
power of DVR. To decrease Ppw to zero, (4) shall be 
maintained. Meanwhile, @ and V; have to be in voltage 
tolerance interval in such a way that (5) be maintained. To 
attain (4) by considering (5), a target function such as (6) is 
presented to minimize the variations of the load voltage 
amplitude in the fault time compared to its amplitude of pre- 
fault. 


3Vil cos(¢)— SVul cos(o-a+d,)=0 | 
V mia SVL SV mar (5) 
Ol mn S OL S Ol omar 
J = (Vedat — Vi)? (6) 


Therefore the generated power of DVR is minimized using 
this approach. Also, the load voltage has minimum variations. 


Il. BASIC REFERENCE SIGNALS 


One of the most important aspects in PWM controller 
design for DVR is the generation of suitable reference 
voltages. In this paper, the structure shown in Fig. 4 has been 
utilized [7]. 

In this approach, wherever the supply includes harmonics or 
negative sequences, they will be eliminated in reference wave 
and therefore will not appear in injected voltage of DVR. 


smwt U 





Ys 


Fig.4. Block diagram of generating circuit of reference signals 


In this structure, according to Fig. 5 a feed backed loop 
which is suitable for ASPLL (adapted soft phase locked loop) 
is used in which there exists a filter with a constant time T to 
clear harmonics and negative sequences [8]. 


Uo 


[2r 
y a. : 
w. K> is 
64 
pie z z H 
u) 
Sin 


Fig. 5. Structure of ASPLL 





557 


Proceeding of International Conference MS’07, India, December 3-5, 2007 


a 


hed 





Unit ¥ actor Templates 
Generation 


ae Vet L 

i O 

a4 A 

D 
Your and D 
Opvr y 
i R 


-+ 


Your 


Ymi 


Fig 6. Block diagram of closed loop control for DYR ! 


IV. PROPOSED CONTROL STRATEGY 


Block diagram closed loop of a DYR is shown in Fig. 6. In 
this diagram, for simplicity, MATLAB software functions are 
used to optimize injected power which yields optimized 
parameters of a and V,. Applying these parameters and input 
voltage, magnitude and phase of voltage Vpyg and @pyp will be 
calculated using vector equations. The unit reference vectors 
are shifted to be equal to Opye plus filter phase angle of DVR 
and the reference signal will be generated when this vector is 
multiplicd to Vpyg . This signal is compared to the real value of 
injected voltage and finally is considered as PWM input. The 
output of PWM is used for firing elements of inverter in DVR. 
Then output of DVR is passed through a filter and is added to 
the line voltage by a series transformer. 


V. SIMULATION RESULTS 


To check the validity of the proposed controller, it ts 
supposed that 0.975<V, $1.025 p.u. and— 45° s@<45°. 


Table I, Cunent and voltage of the sonce in sag condition and m 
unbalanced state (state 1) 


Pinretar™ 310 26 ¥ 2d A, 
Vaal 183 y dam -20* 
F,a=279 241 ¥ Dam - 1 
F 263.728 v d -15° 

Power angel26 56° 


The supply has an unbalanced condition as shown in Table 
I. Injected voltages and the load voltages are shown in Table 
II. In this state the result of the controller is shown in Table M 
in which it is seen that the generated power of DVR is 


decreased by 35.4% compared to the un-optimized state. 
Table 1] Load voltages and injected voltages by DVR (state 1) 


-  Injectionvoltages | Loadvoltages O 
V =177 9259.2" V 3040544 94 
¥, =12863Z ~ 3852 ¥ = 304.05 Z —105' 
V, =3152.4.2192.67" Fo "30405413494" 


Table HI. Optimization results by proposed method (state1) 


Pre-say compansaison 0 i 1.092 
Phase advance method 14 62 i 0.893 
Proposed method 14.94 0 98 0.7054 


Table IV. Current and voltage of the source in sag condition and in 


unbalanced state (state 2) 
Fiyraten™310 26 ¥ 24 A 
Fyam232.095 ¥ ; da" -1 5° 
Fyg=z79 234 y ga= -1 5° 
Py™310.26 ¥ a0" 
Pover angela26.56° 


Regarding to status of voltages in fault situations, it is 
possible that the generated power of a DVR decreases 
noticeably. For instance, when voltage decreases according to 
Table IV, the result of the controller is in the form of Table V. 
In this status, the generated power of DVR effectively 
decreases compared to the state!. 
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Table V. Optimization results by the proposed method (state?) 


Fig. 7 shows source voltages for duration of 10 cycles 
Starting with fault at t=0.3 and ending with t=0.5 second for 


statel (according to Table I). In Fig. 8, injected voltages of 
DVR are shown and Fig. 9 shows the load voltages. 


{pu 


0.87596 


Pre-sag coonpens abo 


Proposed ret hod 


0 192 


0.02443 


1 


0 983 


21 32 
21 067 


These figures show that this method compensates the voltage 
Sag, while minimizing generated power of DVR. 


Proposed method 
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Fig. 7. Phase voltages of a source dwing the fault 
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Fig 8. Injected voltages by DVR 
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Fig. 9. Load Voltages during the fault 


VI. CONCLUSION 


DVR can inject a voltage series with a line and restore the 
load voltages to pre-fault values during the voltage sag. DVR 
cannot restore the load voltage constantly during the deep 
voltage sag because the stored energy in DC link is limited, 
therefore gencrated power by DVR must be minimized. In 
other hand, generally it is not necessary that the value and the 
phase angle of the compensated voltage be exactly cqual to its 
pre-fault values and allowable tolerance for voltage suffices. 
This paper has proposed a method for minimizing the injected 
power of DVR to the system considering the above mentioned 
states. Also to generate reference signals for PWM controller a 
suitable PLL has been proposed. Simulation results show that 
this method is effective even during unbalanced voltage sag. 
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Abstract-~This paper presents the design and implementation 
of a novel on line three phase power factor measurement 
technique under unbalanced, time varying and nonsinusoidal 
environment, The computational load at real time realization has 
been reduced by modifying IEEE Std. 1459-2000 recommended 
three phase power factor definition under certain significant 
facts. The conventional Goertzel filter bank interpreted fast 
Fourier transform (FFT) algorithm has been extended in the field 
of discrete short time Fourier transform (DSTFT), to get the 
spectrum of each finite short time section of the power signals at 
arbitrarily located specified frequencies; which further decreases 
the calculation complexity. The fundamental component of power 
factor and root mean square values of current and voltage signals 
have been defined from the perspective of this newly 
characterized DSTFT with nonuniform frequency distribution, 
called non-uniform discrete short time Fourier transform 
(NDSTFT). The method is illustrated and evaluated in real time 
by means of a Texas Instruments (TI) TMS320VC5416 digital 
signal processor. Illustrative laboratory test results confirm the 
validity and accurate performance of the proposed method. 


Key words—— Active power, digital signal processor, harmonics, 
Goertzel filter bank, measurement, nonuniform discrete short 
time Fourier transform. 


I. INTRODUCTION 


URING recent years, registration of three phase power 
factor under nonsinusoidal, unbalance and time varying 
condition takes a geat challenge. Conventional 
clectromechanical three phase power factor meters [1] are 
based on rms measurement and precisely inaccurate in the 
presence of harmonics [2]. With the advent of digital signal 
processors, attempt has been taken to include harmonic 
impact. Fast Fourier transform (FFT) based algorithm [3], 
short-time Fourier transform (STFT) based algorithm [4], 
Discrete Wavelet Transform (DWT) [5] based approach, and 
adaptive lincar neural network (ADALINE) [6] based 
algorithm are examples of some well known approach. The 
accuracy of these methods have been influenced by one or 
more of the following factors: superimposed noise, non-linear 
static characteristic, computational complexity and slow 
response. 
In this paper a simple but computationally efficient three 
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phase power factor measurement technique has been proposed 

for nonsinusoidal, unbalanced and time varying power 

systems. The main contributions of this paper are as follows: 

ə Conventional definition of three phase power factor has 
been modified in such a fashion that only current 
harmonic information is required for accurate assessment 
of power factor. 

» The concept of Goertzel filter bank interpreted 
discrete Fourier transform (DFT) has been extended to 
acquire a new approach for real time implementation of 
discrete Short Time Fourier Transform (DSTFT), in 
which the spectrum of each finite short time section of the 
signal ts estimated by realizing the DFT through a bank of 
IIR Goertzel filters, centered at randomly placed selected 
frequencies. The new approach has been termed as 
“nonuniform discrete short time Fourier transform” 
(NDSTFT). 

¢ The fundamental component of power factor and rms 
value of current and voltage signals has been expressed in 
terms of newly proposed NDSTFT. 

The algorithm is implemented in real time with a Texas 
Instruments (TI) TMS320VCS5416 digital signal processor. 
Fast and accurate measurement of three phase power factor 
has been observed utilizing the developed scheme. The results 
have been presented in the text. 


H. THREE PHASE POWER FACTOR EXPRESSION UNDER 
NONSINUSOIDAL AND UNBALANCED CONDITION 


The definition of three phase power factor in nonsinusoidal 
and unbalanced situations is still heavily debated. At present, 
IEEE Std. 1459-2000, approved on September 2002 [7], is the 
only available document that gives some guidelines for 
designing instrumentation under these environments. For 
nonsinusoidal and unbalanced system, it provides a set of 
definitions that are related to an equivalent virtual balanced 
system, with the same losses as that of the real unbalanced 
system. 

At the presence of harmonics, periodic voltages and current 
signals with fundamental time period 7, may be represented 
by Fourier series of the form 


v()= ÈV sin (a%t +a ) (1) 


where v(t) is the instantaneous voltage, V, are peak values of 


voltage harmonic k, œ, are the k" angular frequency 
component and a, are the phase angles of voltage harmonic k. 


i()= = 1, sin (kant + By ) (2) 


where /, are peak values of current harmonic k and $p; are 


the phase angles of current harmonic k . 
The rms voliages and currents can be written as 


2 _fIS,2 
Vas g TA i (3) 
k=] k=l 


lns = fen z Ly? MAX, (4) 
k=] k=] 


The active power can be shown to be 


Fovg = Vis, Lins, cos (æ; -P ) 
k= (5) 
oe) Vid 
E & max, ‘max, COs (a, ~ B,) 

For three phase three wire power system RST, starting from 
the rms line currents and the line to line rms voltages, the 
effective curent /,, effective voltage V, and effective apparent 
power S. has been defined [7] as follows: 


1? +? +15 


a m m in (6) 
ViaSat Y Stig TVR Vip e : 

V, = (7) 

=W,I, (8) 


Viens using (3) - (8), the effective three phase power factor 
can be expressed as 
P 
PF, = 


€ 


ae. 
Se 
Verge, I Ries COs Ore, +> VST, Te. cos Ors, | 
k=] k=] 





(9) 


where P, is the effective active power, ORTR, and Orgy, are the 
phase angles between fundamental components of VRT ms, and 


: and N and IT respectively, at k” harmonic. 


I Rem, 

In most cases, the contributions of harmonics above the 
fundamental to average power are small (less than 1%) [8] and 
voltage harmonics are usually less than 3% [8]. Incorporating 
these two assumptions into (9) yields the following 


approximate form for true power factor: 


(10) 


(11) 


(12) 





Ul. GOERTZEL FILTER BANK INTERPRETED NON-UNIFORM 
DISCRETE SHORT TIME FOURIER TRANSFORM 


Although the Discrete Fourier transform (DFT) works well 
for the infinite time case of a stationary signal, it is unable to 
resolve any temporal information associated with time varying 
power signals. In this context discrete Short Time Fourier 
Transform (DSTFT) can be considered from the perspective of 
a DFT taken over short time sections of the signal (the 
window is fixed). A major disadvantage of the DFT technique 
is that all of the data points must be available before the 
spectra can be computed. In real time measurement procedure 
it is not desirable to wait for an entire window of data before 
beginning the DSTFT calculations. 

In this paper a novel approach has been proposed for real 
time implementation of DSTFT where the spectrum of each 
finite short time section of the signal is estimated by realizing 
the DFT through a bank of IR Goertzel Filters centered at 
randomly placed selected frequencies. The technique has ail 
the advantages inherent to the IR Goertzel filters, including 
the capacity of doing sample by sample processing, and can 
estimate the spectrum at the exact frequencies of interest, thus 
avoiding unnecessary calculations. Since DSTFT has been 
performed on selected frequencies, nonuniformly located in z 
plane, the approach is termed as “non-uniform discrete short 
time Fourier transform” (NDSTFT). 


A. Definition of NDSTFT 


In most signals, the energy is distributed nonuniformly in 
the frequency domain. This observation has the motivation for 
developing the concept of NDSTFT of a finite length “snap- 
shot’ sequence as samples of its z-transform evaluated at 
arbitrarily chosen points in the z-plane. This concept is 
basically a generalization of the conventional DSTFT. The 
NDSTFT of discrete time signal x{a] has been defined at a 
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particular time index, 71, as 
N-I 
X yosrrr [2%] = Y x[mw[n—m] gy” , O<msSN-I 
ned) 
where Zo Zn ...... Zy- are distinct points located arbitrarily in 
the z-plane. w{ n-m] is a window sequence of length N, defined 
in the range 0 < m < N-I. Window determines the 
approximately stationary portion of the input signal that 
receives emphasis at a particular time index z. 

For a fixed value of n, NDSTFT of the sequence, x{7]w[n- 
m], æ < m < œ, is reduced to nonuniform discrete Fourier 
transform (NDFT) [9] and takes on all integer values so as to 
“slide” the window, œ [n-m], along the sequence, x(n). 


(13) 


B. Goertzel Algorithm: Digital Filter Interpretation 

An clegant approach to compute a single sample of the 
NDSTFT at a particular time index, n, is to employ Goertzel’s 
algorithm. Multiplication of aM at the both sides of (13) 
results 


N~] 
N Xnpsrrr [an] = X xfa] w[n—m| zp á (14) 
nad) 
A new sequence has been defined as 
y [n]= >. x[m] win- E ane (15) 


nro 

Since x[n]*w[n]is zero out side the range 0 < n < N-! at 
time index n, it has been inferred from (14) and (15) that 
Xnpsrer lan] =z" Ye OM y (16) 

Thus the NDSTFT sample X(z,) at a particular time index, 
n, is obtained by multiplying A with the N th sample at the 
output of a system. whose input is x,[n]=x[n]*w[n] and 
impulse response is z . This is a first order recursive system, 
whose system function is 

l 
Mja ey 
—~ Zpz 

In order to reduce the number of multiplications by a factor 

of two, both the numerator and denominator has been 


(17) 


multiplied by 1- z} z7', where z. is the complex conjugate of 
z . Then (17) becomes 


Hy (z) 


z |- zz 
1~2Re{z, ja +z z? 


If NDSTFT is being evaluated at a point z, =e’ on the 


(18) 


unit circle in the z-plane at n, ie lex” =1, then the 
expression of (18) can be simplified in the following form 
4 


Je IM z 
Hy (z)= =] 
1—~2cosaiz +z 


which has been shown in Fig. 1. Thus, Goertzel algorithm can 


(19) 


be interpreted to compute the output of this second-order 
recursive digital filter. 
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Fig. 1. Goertzel algorithm as a second order 1ecursive computation. 
Since, only y [N] is of interest, the multiplication by e 7 

in the feed forward section of Fig. | (to the be of the dotted 

portion) need not be performed until the iteration. The 


intermediate signals, q,{n] and q,[n—1]are computed 

recursively using the difference equation 

qg [n]=x[n]+2cos a, xq, [n—-l]-q, [n-2],0snsSN (20) 

with initial conditions 

qk [-1]= ag [-2]=0 (21) 
If frequencies of interest he on the unit circle in the z-plane, 

then z; N=! and NDSTFT computation equation becomes 


X ypsrer lar] = ye [n] y =e [N]-e a [N-1] 22) 


C. Geertzel Filter Bank Approach to the implementation of 
NDSTFT 

If the signal energy is distributed in A distinct but arbitrarily 
placed point over the unit circle in z-plane, then the spectral 
analysis of the signal can easily be performed using a bank of 
N Goertzel IIR filter (one per frequency of interest) as shown 
in Fig. 2. 






Xypsrrr| 21] 


Xypsrrr|2 „n| 


Xyostrr|tn—1" 


Fig. 2, Realization of nonuniform discrete short time Founer transform using 
Goertzel filter bank. 


D. Window Selection 


In NDSTFT based spectral analysis of nonstationary 
signals, the window plays an important role. This paper 
proposes the use of rectangular window (RW) with window 
width exactly equal to fundamental period T, to perform 
NDSTFT operation. The RW is the simplest window, 
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characterized by the narrowest main lobe (the best 
resolution among tones close in frequency) and the 
highest and most slowly decaying side lobes (the 
worst interference caused by a strong tone on a 
weaker tone not close in frequency). 


IV. POWER FACTOR AND RMS MEASUREMENT USING 
NDSTFT 


Although input voltage and current signals are real 
sequences, the outputs of NDSTFT are complex in nature. If, 
voltage and current signals contain a finite number of 
arbitrarily spaced harmonics with maximum order M and 
uniformly sampled at frequency w, = 27/7, where N = 2M is 
chosen according to the sampling theorem, then from (3), (4) 
and (13), it can be proved that at time index, n, 

3 
{Rel Inosrer [x all + Im I waster (snl | (23) 


lan = 


ms ~ 


{Rel Var [aa] + Im] Vyosrer lanl} (24) 


Since input current and voltage signals are real sequences 
and the square magnitude of the NDSTFT samples are of 
interest in rms computations as shown in (23) and (24), the 
complex multiplication at every sample estimation, can be 
completely avoided using following form of (22) 


2 
[yk [NJ = qi [N]+ak [N -1]—2cos Op gy [N ] op [N — I] (25) 
The fundamental component of power factor can be defined 
from (1) and (2), as 


l 
l+ tan” (tan! (a )-tan™! (B, )} 


After rigorous calculation it cen be shown that at time 
index, 7, 


cosQ, = (26) 






(Re[V, ]Re[7 ]+Im[V ]Im[7,]) 


cos0, = |-—-———____—__—~- (27) 
(Ren +m[n f }(Re [nf +1m[7 | 

where V; = Vypsrer [an] (28) 

and / {= I NDSTFT [zn] (29) 


V. PROPOSED SCHEME 


The block diagram of proposed three phase power factor 
meter has been presented in Fig. 3, in which the potential 
transformers (PT, PT» and PT3) and current transformers 
(CT, CT, and CT;) have been used for scaling down the line 
voltages (Vrs, Vsr and Ver) and line currents (fr, Iş and fr), 
respectively. The voltage drops across the burdens (1Q) of 
CTs give the voltages corresponding to the line currents. All 
these signals are passed through instrumentation amplifiers to 
prevent noise problem. The outputs of instrument amplifiers 
are further attenuated by potentiometeric arrangement so that 
the maximum signal values are less than | volt. The reduced 
signals are then digitized by analog to digital converter (ADC) 
and fed to the Texas Instruments (TI) TMS320VC5416 digital 


signal processor (DSP) which after executing the developed 
software calculates and displays the three phase power factor 
of the system. 


YR 





W 


Ys 


Fig. 3. Block diagram of poposed scheme. 


VI. EXPERIMENTATION, RESULTS AND DISCUSSION 


The validity and performance of the prototype three phase 
power factor meter as shown in Fig. 3 have been observed by 
applying this method to measure the three phase power factor 
of a delta connected three phase ac full wave voltage regulator 
with three phase unbalanced RL load. The circuit diagram of 
experimental set-up has been shown in Fig. 4, in which the full 
wave voltage regulator is fed from a 400 V, 3 phase, 50 Hz 
balanced ac system with source inductance and source 
resistance. The resistance and inductance values 
corresponding to three phase unbalanced load have been 
presented in diagram. Since the fundamental frequency is 50 
Hz, the sampling frequency is kept at 6.4 kHz to calculate the 
harmonic pollution accurately up to the 64th harmonics. 





Fig, 4. Circuit diagram of the experimental setup at steady state. 


The waveform of line currents /p, Iş and Jr at triggering 
angle 60° and corresponding percent harmonics amplitude vs. 
harmonic number plots have been presented in Fig. 5 and 
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Fig. 6, respectively. 
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Time 


Fig. 5. Current wave forms of full wave voltage regulators with 
unbalanced load at 60° triggering angle, 
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Fig 6. Harmonic number vs, percent amplitude of current harmonics at 60° 
triggering angle.. 


From harmonic analysis curve it has been observed that 3% 
sh 7" and 11" harmonics can be considered as dominant 
current harmonics as there amplitudes are greater than 5% of 
fundamental amplitude. 

To extract harmonic information using NDSTFT approach 
with modified mathematical model as derived in (10) — (12), 
five band pass IIR Goertzel filter have been adopted to design 
efficient filter bank where pass bands are centered at 
frequencies, corresponding to 1%, 3%, 5°, 7°, and 11" 
harmonics. 

A computer ‘based measurement technique has been 
considered as standard method, in which the attenuated system 
data are digitized with sampling frequency 6.4 kHz and fed to 
a computer through a PCI-02 Data Acquisition System (DAS) 
card. At off-line, a personal computer (PC) with P-IV, 3.1GHz 
processor is used to process all the voltage and current 
samples using a software program written in C language. The 
results obtained from the PC based method using (9) have 
been set as a reference and compared with the results of the 
proposed three phase power factor measurement technique, as 
shown in Table I. 

The results show that the Gortzel filter bank implemented 
NDSTFT provides fast and accurate tracking of power factor 
with less mathematical operation. The modulus of 
experimental error is around 1%. The sources of errors in the 
above experiments have been identified as: (1) Quantization 
error in analog to digital conversion and (2) Truncation error 


and round off noise in the calculation part of the system. 
TABLE I 


THREE PHASE POWER FACTOR OF FULL WAVE VOLTAGE REGULATOR 
WITH UNBALANCED LOAD AT STEADY STATE 





Triggeri] Total Harmonig Distortion | Three Phase 

















0.7367 _| 0.7294 | 0.99 | 

1694 
45° [2041 | 21.81 | 23.03 | 0.5267 [0.5321 | 1.02 
60° | 33.01 | 28.58 | 35.39 | 0.3965 | 0.4005 1.00 


+> 
S 


VII. CONCLUSION 


The paper presents a new approach for real time estimation 
of three phase power factor under unbalance, nonsinusoidal 
and timevarying condition. The theoretical basis of Goertzel 


filter bank interpreted NDSTFT has been established which 


provides a very pragmatic and promising approach for fast 
estimation of power signal parameters, corrupted by a small 
number of arbitrarily located harmonics. The modification of 
conventional expression of three phase power factor and 
application of Goertzel filter bank interpreted NDSTFT 
reduces the computational complexity and makes the approach 
suitable for uniprocessor implementation. The real time 
laboratory test reveals the accurate performance of the 
proposed algorithm. The developed scheme is cheap, highly 
reliable and provides enough flexibility to suit the 
requirements of different systems. 
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Abstract—Electricity suppliers are nowadays concerned about 
the quality of the power delivered to customers. With the 
development of power electronics, several solutions have been 
proposed on distribution networks in order to ensure highest 
possible power quality for the customers. In this paper the 
performance of Distribution Static Compensator (DSTATCOM) 
is analyzed for the power factor control in a radial distribution 
system. The power factor control is performed using the detailed 
model of the DSTATCOM. Then a simplified model using the 
power factor controller is developed and its performance is 
verified by comparing with that of the detailed model. 


Key words— Custom Power, DSTATCOM, Flexible AC 
Transmission Systems (FACTS), Power Quality. 


J. INTRODUCTION 


HE concept of Flexible AC Transmission Systems 

(FACTS), as the name implies, was originally developed 

for Transmission networks but similar ideas are applied in 
Distribution systems. The new high power electronic 
systems applied to distribution systems owe something to 
the ideas of FACTS but also use concepts and techniques 
developed for power electronic systems with lower voltage 
and current ratings. In both cases, voltage source converters 
are uscd as the main component of the system. To date, the 
main applications for power clectronics on the distribution 
system have been to improve two aspects of power quality 
voltage dips and harmonic distortion [1]. The new 
technologies known as Custom Power, using power 
electronics-based concepts, have been developed to provide 
protection from power quality problems in distribution 
systems. FACTS use Power electronic devices and methods 
to control the high-voltage side of the network for 
improving the power flow. Custom Power is for low-voltage 
distribution, and improving the poor power quality and 
reliability. At present, a wide range of flexible controllers, 
which capitalize on newly available power electronics 


components, are emerging for custom power applications 
[2]. 


H. DSTATCOM CONTROLLERS 


A DSTATCOM, which is schematically depicted in Fig. 1, 
consists of a three-phase voltage source converter shunt 
connected to the distribution network through a coupling 
transformer {2]-[5]. It is simply an alternating, synchronous 
voltage source connected in shunt to the distribution three- 
phase feeder circuit via a coupling transformer. It is a fast 
response, inverter based power controller that provides 
flexible voltage control at the point of connection for 
improving the power quality in distribution systems. It can also 
provide instantancous power factor correction to improve line 
utilization and minimize energy losses. It can exchange 
reactive power with the distribution system by varying the 
amplitude and phase angle of an internal voltage source with 
respect to the line terminal voltage, resulting in controlled 
current flow through the coupling transformer. 





Fig. 1. DSTATCOM structue. 


The power factor controller is shown in Fig.2. Here reactive 
power reference Q* is set to zero in order to minimize the 
reactive power drawn from the supply i.e., unity power factor 
operation [6]. 
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Fig. 2. DSTATCOM power factor coatroller. 


W. DSTATCOM MODELS 


Two types of DSTATCOM models are considered. First one 
is the detailed model and the other is the simplified model. 
Detailed model of the DSTATCOM consists of IGBT, PWM 
signal generator and passive filter. But in the case of simplified 
model all these components are absent. The main advantage of 
the simplified model is to allow the utilization of larger 
integration steps without sacrificing accuracy. Moreover, such 
a model is suitable for dynamic studies if harmonics are not 
the main concern. 


A. Detailed Model 


In the detailed model, the switching elements- 
IGBTs/diodes, the PWM signal generator and the dc capacitor 
are explicitly represented. Here, a DSTATCOM model is 
implemented using MATLAB. Considered the DSTATCOM 
as power factor controller the detailed model is shown in Fig. 
3. The model consists of a six-pulse voltage-source converter 
using IGBTs/diodes, a 10000-pF dc capacitor, a PWM signal 
generator with switching frequency equal to 3 kHz, a passive 
filter to eliminate harmonic components. The de voltage (Vae) 
is measured and sent to the controller as well as the three- 
phase terminal voltages (Vasc) and the injected three-phase 
currents (lae). Va ,Vp and V, are voltages at the converter 
output. 





Fig. 3. DSTATCOM detailed model implementation. 


B. Simplified Model 


In distribution voltage level, the devices employed as 
switching element is the IGBT (integrated Gate Bipolar 
Transistor), due to its lower switching losses and reduced size. 


Hence, the output voltage control can be executed through 
PWM (Pulse Width Modulation) switching pattern, 
eliminating the harmonic components. Thus, the output three- 
phase voltages produced by a voltage source converter can be 
considered sinusoidal in the fundamental frequency, assuming 
convenient design. Indeed DSTATCOM devices can be 
represented by a controllable three-phase voltage source 
behind a transformer, as depicted in Fig.4 [7]. In this figure, 
Va, ¥g and vc represent the instantaneous terminal voltage, i.e. 
high voltage of the transformer, while V*,, represent the 
reference instantaneous voltages in pu, which are determined 
from the output of the controller (V*,.). These V*, signals 
are fed to the controllable three-phase voltage sources whose 
output represents the three phase output voltage of the 
converter in the detailed model of the DSTATCOM. 
Therefore, in simplified model, the converter three phase 
output voltages are generated without using converter. 





Fig. 4. Generalized DSTATCOM model. 


In the simplified model, the converter, the PWM signal 
generator, and the filter are replaced by a set of three 
controllable ac voltage sources. Such sources are controlled by 
the signal Vabc* obtained from a power factor controller. 
However, the three-phase voltages at the secondary of the 
transformer, in volts, are dependent on the de link voltage (i.e., 
va= Vdc. Va*, vp= Vdc . Vb*, and v= Vde . Vc*). Therefore, 
it is important that the de link dynamic be correctly 
represented. This is carried out by applying the energy 
conservation principle, which resides in the physical fact that, 
neglecting the converter losses, the instantaneous power at the 
ac output terminals must always be equal to the instantaneous 
power at the dc input terminal. Such principles can be 
expressed by 

Vila = Vala +V;lp +V (1) 


l 
A =o J lat 2) 


Where /, is the current in dc link. Moreover, the 
relationship between V,, and /,, is given by (2), where C is the 
dc capacitance value. Equations (1) and (2) can be iteratively 
solved by means of an algebraic-differential loop as 
schematically depicted in DC link model of Fig. 5. The 
implementation of the simplified DSTATCOM model is 
shown Fig. 6. 
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Fig. 5 DC link model. 
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Fig, 6. DSTATCOM sumplified model implementation, 


IV. SIMULATION RESULTS 


A test system is comprised of a 25-kV, 100-MVA, 60-Hz 
substation which is represented by a Thévenin equivalent seen 
towards the source side while the equivalent load is the 
impedance looking toward the right into the network, at bus 2. 
This substation is feeding a distribution network, where there 
is a DSTATCOM connected at bus 2 through a 25/2-kV YA 
transformer. Since the DSTATCOM ts connected at this bus, it 
is called the Point of Common Coupling (PCC), The test 
system is shown in Fig. 7 [3]-[5]. Initially there is no load 
connected at bus 2; at t=0.2sec, Load L, and at t=0.5sec, Load 


La is applied. 
ie + MW i 10 MW 
2 MVAr ° 5 MVAr 









WOOLY LSA 


Vie 
Fig 7. Single-line diagram of the test system, 


Initially when there no DSTATCOM at PCC, the reactive 
power drawn from the supply is 0.566 p.u at t = 0.2 sec and 
1.078 p.u at t = 0.5 sec, terminal voltage is 0.971 p.u at t= 0.2 
sec and 0.907 p.u at t = 0.5 sec and power factor is 0.928 at t= 
0.2 sec and 0.906 at t = 0.5 sec. 
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Fig 8. Reactive power drawn from supply with different models of 
DSTATCOM., 
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Fig. 9. Improved power factor with different models of DSTATCOM. 
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Fig. 10. Improved terminal voltage with different models of DSTATCOM. 


The simulation results are used to compare the detailed and 
simplified models of the DSTATCOM power factor controller. 
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The figures from Fig. 8 to Fig. 10 show the reactive power 
drawn from the supply, improved power factor and improved 
terminal voltage for different models of DSTATCOM power 
factor controller. 

The reactive power, power factor and the terminal voltage 
without DSTATCOM, with detailed model as well as 
simplifted model of DSTATCOM power factor controller are 
depicted for comparison in the tables from Table I — III. 


TABLE L COMPARISON OF REACTIVE POWER DRAWN FROM THE SUPPLY (P.U) 


Time W tho ut With Detailed Model | With Simplified Model 
me | DSTATCOM of DSTATCOM 





of DSTATCOM 


0 566 
1 0782 











TABLE II. COMPARISON OF TERMINAL VOLTAGE (P.U) 


Time Without With Detailed Model | With Simplified Model 
DSTATCOM of DSTATCOM of DSTATCOM 
0985 0985 
ECES | 0907 094 | 094 












TABLE TIL COMPARISON OF POWER FACTOR 


Time Without With Detaded Model | With Simplified Model 
DSTATCOM 





of DSTATCOM of DSTATCOM 


0985 0985 
t=0 Ssec 0981 


V. CONCLUSIONS 


In this paper DSTATCOM, which is one of the custom 
power devices is used to control the power factor. To verify 
the performance of the DSTATCOM, a variable load is 
connected at bus 2. From the simulation results it is observed 
that the detailed model of the DSTATCOM power factor 
controller significantly minimizes the reactive power drawn 
from 0.566p.u to 0.22p.u at t = 0.2 sec and from 1.782 p.u to 
0.79 p.u at t = 0.5 sec. With the minimized reactive power 
drawn from the supply, the terminal voltage is also improved 
and impioves the power factor from 0.928 to 0.985 at t = 0.2 
sec and from 0.906 to 0.981 at t = 0.5 sec respectively. It is 
observed that both simplified model and detailed model of 
DSTATCOM are equivalent when operated as power factor 
controller and they can effectively control the power factor of 
the system. 
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Abstract—-While the basic functions of the conventional 
frequency protection relay satisfies all the protection needs 
which the present day power system requires, we need 
some added advantages such as precise frequency 
measurement, power system control etc. along with the 
protection scheme. This can be achieved by the 
computerized and simulated relay. 

The developed relay consists of <f>, <f+t>, <f+df/dt>, 
<f+Af/At>, <df/dt+t>, <Af/Att+t> independent elements 
and simulation of these elements has been done using 
Simulink blocks. These elements are utrilized for designing 
the frequency protection relay for real time on-line 
application in power system. 

This relay has also the facility of interfacing with the field 
equipments for physical signal at input and output of the 
PC. Also it has the facility of generating process signal at 
output for tripping etc. through DAC 0804 and amplifier. 
The newly developed relay generates signal which can 
further be utilized for control of power system such as 
two-area network, dampening of frequency oscillations, 
ete. 


Key words—-Frequency protection, Interfacing, 
conditioning , Simulink software. 


Signal 


I. INTRODUCTION 


THE frequency protection relay for power system has been 
developed with dedicated elements of a universal frequency 
relay. The relay also sends the final tripping signal for 
necessary protection and control of power system 

Considering the frequency’ protection need, simulation for 
frequency measurement along with generation of proportional 
signal has been developed. This has also been done for other 
frequency functions like f, Af, Af/At, df/dt etc.As measurement 
of frequency does not solve problems and it is also required to 
measure f, (f+t), (F+Af7At), (frdf/dt), (Af/At+t) and (df/dt+t). 
Interfacing hardware and software application for protection 
against frequency deviation have been developed. 


Application of SVC for dampening the wide fluctuation of 
frequency has also been developed. Development of software 
based simulated digital relay for the application in power 
system protection has been finally made. 


SIMULINK (MATLAB™!) —- A RIGHT CHOICE FOR FREQUENCY 
MEASUREMENT 


Accurate measurement of frequency and its variation is an 

important issue in today’s power system. Other than the basic 
frequency, we require also to measure (f+t), (f+Af/At), 
(f+df/dt), (Af/Attt) and (df/dt+t) for the purpose of power 
system control and protection. But measurement of these 
values will give rise to computational difficulties, require more 
hardware, will generate software complications, will develop 
measurement inaccuracy etc. Consequently, we have no other 
options but to opt for simulation. In this paper we have utilized 
Simulink (Matlab™) software for all computational problems. 
It further includes hardware for interfacing at input and output 
of the computer, sending input signal and generating output 
signal to and from the PC. So this hybrid system has very less 
hardware with more flexibility. 
By using Simulink (Matlab™) software [9], we have 
generated the output signal and interfaced the same with the 
physical power system, incorporating the program for control, 
protection and monitoring of the power system. 


Simulink model OF FREQUENCY measurement 

By using Simulink blocks, development has been made for six 
numbers of models consisting of different frequency 
parameters presented in Fig.l- 6. These are f, Af, Af/At, df/dt, 
[f+], [f+Af7At], [frdf/dt], [Af/At +t].and [df/dt +t]. All these 
models [2] have been experimented and verified in the 
respective oscilloscope and counters. Values of the output 
verified from the input variable frequency of the sinusoidal 
wave from the Simulink block. 
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Frequency Supesveed Rate of Change of Fenny Rt] (ad) 





Fig. 4: Frequency Supervised Rate of Change of Frequency 
Fig.]: Frequency counters (fm!) <ft+df/dt>(fm4) 


Frequency Mondunng wih Tune delayed tripping sgnal {i+} (ta) 





Fig. 2:Frequency with time delayed tripping signal (f+-i)(fm2) 
Fig.5: Average Rate of change of frequency with time delay 
for tripping signal [Af/At + t] m5) 


Rea of change of trequency win tre deta for bpp sonal ot +s) 





Fig.3.: Frequency supervised average rate of change of 

frequency (f+Af/ Ap Gm3) 

SIMULATED PROTECTIVE RELAY Fig.6: Rate of change of frequency with time delay tripping 

Dvelopment of methods for measuring and generating signal signal [df/dt+t] (fm 6) 

proportional to f, Af, Af/fAt, df/dt, [f+t], [f+Af7At], [frdf/dt], Further development of PC based methods have also been 

{Af/At +4]. [df/dt +t] have been experimented. taken up to design a simulated numerical relay. The relay 
signal trips the system beyond healthy zone of frequency This 
deals with different protection functions and also generates trip 
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signals under different conditions for operation of the final 
tnpping in power system. 






interfacl ah 


gh 





Scheme has been made for frequency protection and tested 
for an integrated simulated relay [3] which has total nine 
elements. The elements are i) f, ii) Af, iii) Af/At, iv) df/dt, v) 
[f+t], vi) [f+Af/At], vii) [ftdf/dt], viit) [Af/At +t]. ix) [df/dt +]. 
This has been presented in Fig.7-12. Now, formation of the 
simulation blocks for each of these elements are presented 
below. Also, the stage settings for element <f+df/dt> has been 
fixed, tested and recommended (Table 2) Similar to this 
setting, settings for other elements have also been tested. 

The condition at which the under/over frequency [4] relay 
has been designed (Fig.8), and tested is as per the following 
Table |.This is the outcome of the simulation of the numerical 
relay with the element < f+t > (Fig.8). 
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E Wig. 9 Simulation of the frequency element <f+AfAt> for the 
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Fig. 8: Over/Under frequency simulated numerical relay. 


Frequency (Hz.) Delay 

No. Second 

Lan 
NJ 


Table-1 Test frequency allocation example. 


















Fig.10: Simulation of the frequency element < f+df/dt> 
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stage em 


Defauit 
No, Setting 


Minimum | Maximum Step Size 
Ae Aao An A A 
io dft Ank Ak nke olik 





IATU HR FRY | 

Lo D A iz 0k 
ni (0.0HaBer D4 Huet 
He) Os YY 

(tatty ne Mk 


Addit | 1.0hzer | O.1AzSec | 100 HzSe 0.1 nae 
AEFREPTAJ IRA, TWIT ATT LIT] 
SAU nI MA e A 


A Aiddi | adk | d | ne OOH 
d fdin 100 HuSer 0.1 Hyer 


SIA REO EI A V 
5 Sfidi N OMH 
Fidia DORSE 0.1 HaSec 
SLA RON OE ARRAY RR 7 
A cfd | 0H | di | ne ok 
(tdt | 1.DHzBec | OHaSec | 100 Ser 0.1 HaSer 


Table 2 The frequency settings at six stages and setting ranges 
<(f+df/dt)> 
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Fig. 11: Simulation of the frequency lement <Af / At +>. 
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Fig. 12: Simulation of the frequency element <df/dt +t>. 


INTERFACING OF THE SIMULATION SOFTWARE WITH THE 
PHYSICAL SYSTEM 

This PC based system model requires inter-connection with the 
physical system for operation with on-line real-time basis [8]. 
In this case the physical system is HV/EHV power system. 
Such an integrated system comprises of PC based model and 
interfacing at input and output. Finally strengthening of output- 
signal is done by an amplifier at system-output. These 
constitute a total system, being ready for implementation. 
Interfacing is an essential and important building block for on- 
line and real-time control and monitoring. 


Physical Signul (frequency } 





De eg gee ee eae ey een ee eRe oe 


—_ me mm me word 


GRO-4 
DIA 


Fig. 13 System organization with hardware interfacing. 
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Steps for interfacing of hardware with numerical relay are : 

1. Step down from high voltage power to low voltage, low 
power signal line. 

2. Frequency to voltage converter (FVC) 

3. Data Accusation System (DAS). 

4. Parallel port configuration. 











Used Time Time State error 
2172 | 0.27005 -2.0255 
2 


Po | 2068 [ooo [a [osn 





5. Interfacing the frequency measuring unit with the relay 
simulation unit. 

6. Interfacing of the output signal. 

7. Amplification of the signal. 

APPLICATION OF THE SCHEME AND FINDINGS WITH RESULT 
Detail experiment with software has been made for the change 
of frequency (Af) due to the power disturbances (AP,) in the 
power system network. It is observed that such change 
(fluctuation) of frequency (Af) is not only due to the 
characteristic of the load frequency, but also depends on the 
change of suceptance (AB) of Static Var Compensator (SVC) 
connected at the Generator end. 

A combined model of power system along with SVC has been 
developed. Development of such model in Simulink 
(Matlab™) includes “Simulated frequency measuring system” 
with “the power system” connected with “SVC (FC-TCR 
type)” [7]. 

The Simulink based model of power system, SVC, frequency 
measuring unit, controller for change of AB of SVC, feedback 
control system taken together makes “new model for 
frequency dampening” [5], particularly in case of wide 
fluctuation time for frequency variation (Af). The proposed 
model does not change the Af value, but helps to improve the 
dynamic behavior of the power system with respect to the 
change of frequency (Af) and the change of power output. 

The dynamic response []] behavior of the frequency has been 
experimented to evaluate the effect of change of suceptance of 
the SVC. 

It is further experimented after simulation that the change in 
power and frequency vs. time oscillographs for the two area 
network using Integral controller, PID controller and Fuzzy 
Logic controller. Following results observed: 

|.Using integral controller, both power and frequency 
oscillographs initially show oscillations and after some times 
come to steady state. 

2.Using PID controller, the settling time and maximum 
overshoot decreases i.e. the system becomes more stable. 
3.Using Fuzzy Logic controller [6], better steady state error is 
obtained. 


Tabl -4:Change in frequenc y(Hz) vs time (Sec.), values in pu 
Conclusion 

A design has been made for a pc based frequency detection 
and frequency relay for the purpose of monitoring, contro! and 
protection of different conditions of frequency in power 
system. This is for on-line and real-time basis for HV/EHV 
systems, 

Also the method of simulating the frequency in Simulink 

(Matlab!™) software utilizing different Simulink blocks, has 
been developed for frequency measurement. The method ts 
software based eliminating all hardware difficulties. 
Finally, the design of a relay has been made, not only for 
under and over frequency protection , but also taking care of 
<, <f>, <f+df/dt>, <f+AffAt, <dffdttt>, <Af /At +> 
etc.which are the critical valucs for any power system during 
frequency abnormalities. 
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Table — 3:Change in Power (pit) vs. time (sec.), Values in pu. 


574 


Proceeding of International Conference MS’07, India, December 3-5, 2007 


A Novel Particle Swarm Optimized AGC 
for Restructured Three Area Power System 


Ranjit Roy’, and S. P. Ghoshal? 


‘Electrical Engineering Department, S. V National Institute of Technology, Surat, Gujarat e-mail: mr @eed svnit.ac.in 
*Electiical Engineering Department, National Institute of Technology, Durgapur, West Bengal e-mail: spghoshalniidgp @ yahoo com 


Abstract~-In this paper, the traditional three-area 
Automatic Gencration Control loop with modifications 
is incorporated in restructured power system. There 
are various types of ancillary services present in power 
system. One of these ancillary services is load following 
with frequency control which comes broadly under 
Automatic Generation Control in restructured power 
system, The prime emphasis of the paper is to propose 
a novel particle swarm based algorithm namely, 
Craziness based Particle Swarm Optimization 
(CRPSO) which is applied to obtain optimal gain 
parameters for optimal transient performances. In 
restructured power system, a DISCO can contract 
individually and multilaterally with a GENCO for 
power and these transactions are done under the 
supervision of the ISO. In this paper, the concept of 
DISCO participation matrix is used to simulate the 
bilateral contracts fin the three area diagram. The 
proposed algorithm yields true optimal transient 
response under various operating conditions. 

In this paper two different test cases have been 
studied. First case is the three area radial system and 
the second case deals with the three area ring system. 
Results show that in first case the computed values of 
generators’ participations, tie-line exchanges match 
with the actual values obtained by MATLAB- 
SIMULINK. But in test case 2, thongh generators’ 
participations are matching with the actual values, but 
computed values of tic-linc exchanges are differing 
from the MATLAB-SIMULINK based values. The 
loop power flow is the cause of the discrepancy in case 
of ring system. 


Keywords---Automatic Generation Control, Bilateral 
Contracts, CRPSO, Restructured Power System. 


NOMENCLATURE 
ACEi area control error of ith area 
bi frequency bias coet ficient of ith area 
Afi frequency error of 1" area 
A Pue,, tie-line power flow error between i area 
and j” area 
Kpi proportional gain of PID controller 
Ky integral gain of PID controller 
Kp, derivative gain of PID controller 
tp area time constant 
t12 tie-line synchronizing coefficient 
b frequency bias coefficient 


apf ACE participation factor 
"ar Maye and »¢., Ratios of areas’ 
power ratings 

R Governor regulation 

dTa Governor time constant 

T, Non-reheat time constant 

a. Reheat time constant 

c Reheat parameter 

Kp Power System gain constant 


I. INTRODUCTION 


HE dynamic behavior of many industrial plants 

is heavily influenced by disturbances and, in 
particular, by changes in the operating point. This is 
typically the case for restructured [1], [2] power 
systems. Automatic Generation Control (AGC) is a 
very important issue in power system operation and 
control for supplying sufficient and reliable electric 
power with good quality. AGC is treated as an 
ancillary service that is essential for maintaining the 
electrical system reliability at an adequate level. The 
main goal of the AGC is to maintain zero steady 
state errors for frequency deviation and good 
tracking load demands in a multi-area restructured 
power system. In addition, the power system should 
fulfill the requested dispatch conditions. 

In an open energy market, generation companies 
(GENCQOs) may or may not participate in the AGC 
task. On the other hand, a distribution company 
(DISCOs) may contract individually with a GENCO 
or independent power producers (IPPs) for power in 
its area or other areas. Currently these transactions 
are done under the supervision of the independent 
system operator (ISO). 


This paper introduces a novel PSO namely 


’ Craziness based Particle Swarm Optimization 


(CRPSO) which is applied to obtain optimal gain 
parameters for optimal transient responses. 


II. AGC IN RESTRUCTURED POWER SYSTEM 


The traditional electric industry işs vertically 
integrated with all the generation, transmission and 
distribution under its control with interlinking with 
the neighboring areas. The main objective of AGC is 
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(a ) to maintain frequency at or very close to the ` 


specified nominal value, (b) to maintain power flow 
on the interlinking tie lines between the areas closer 
to their scheduled levels and (c ) to maintain each 
unit’s generation at most cconomic value. The AGC 
is implemented at a centralized location where all 
the information about the system operation is 
available like, area generation & demand, frequency 
and tie line flows. The information is further 
transmitted to participating generating units for 
meeting the above objectives. In the restructured 
environment, GENCOs sell power to various 
DISCOs at competitive prices. Thus, DISCOs have 
the liberty to choose the GENCOs for contracts. 
They may or may not have contracts with the 
GENCOs in their own area. This makes various 
combinations of GENCO-DISCO contracts possible 
in practice. Consider a three-area system in which 
let GENCO1, GENCO2, DISCO! and DISCO2 are 
in area I, GENCQ3, DISCO3 and DISCO4 are in 
area 2 and GENCO4, GENCOS, GENCO6, DISCOS 
and DISCO6 are in area 3 as shown in Fig. 1. The 
full MATLAB-Simulink based block diagram for 
three-area AGC in a deregulated power market is 
shown in Fig. 2. Fig. 3 shows the MATLAB- 
Simulink based diagram for Area2. Similarly the 
diagrams for Areal and Area3 are drawn, not shown 
in the paper. 





environment 
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Fig 2. Three-area AGC simulator block diagram in restructw ed 
power market. 





Fig. 3. MATLAB-SIMULINK based diagram of Area 2. 


The authors have simulated the individual 
generation of Gencos and scheduled tie-line power 
flow in an unequal rating scenario. The concept of 
contract participation factor matrix (cpf{_matrix) 
makes the visualization of contracts easier. This 
matrix is having the number of rows equal to the 
number of GENCOs and the number of columns 
equal to the number of DISCOs in the system. Here, 
the ijth entry corresponds to the fraction of the total 
load power contracted by DISCO j from a GENCO 
1. The sum of all the entries in a column in this 
matrix is unity. Coefficients that distribute Area 
Control Error (ACE) to several GENCOs are termed 
as ACE participation factors (apfs). Note that 


X apf y =i. ACE participation factors of m 
jel 

different GENCOs of im area are shown by 
apf{_matrix. The contacted scheduled loads in 
DISCOs in areal are delPdiscol and delPdisco2, in 
area2 are delPdisco3 and delPdisco4, in area3 are 
delPdiscoS and delPdisco6. The uncontracted local 
loads in areas 1, 2 and 3 are denoted by delPuncotl, 
delPuncot2 and delPuncot3 respectively. Ratios of 
areas’ ratings, Qiz Qi , and az are given by the 
following expressions 





P P, Po 

Pa Ps 3 
where P,;, Py and Pp are the rated powers of areas |, 
2 and 3 respectively. 


cpf£_nmuahix 
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apf matnx= 





delPdisco= 


delP delP delP delP delP delP 
discal | disco? | disco3 | discod | discos | discos 


delPUncontracted= 


delP delP delP delP delP deiP 
wncotl | uncotl uncot2 acer uncot3 uncot3 


The total gencration required of individual GENCOs 
can be calculated as: 
deltaPG_matrix=cpf_matrix*delPdisco’ + 
apf_matrix * delPUncontracted' (1) 
where delPdisco' and deiPUncontracted’ means 
transpose of delPdisco and delPUncontracted 
respectively. 
The mutual scheduled Tie line power flows among 
the areas can be represented by the following 
formulae:- 
ScheduledPtie!2=((cpft3*dcelPdisco3+cpf23* 
delPdisco3+cpf14*delPdisco4d+cpf24 *delPdisco4y/ 
a12-(cpf3 ] *delPdiscol+cp{32*delPdisco2) (2) 
ScheduledPtie23=((cpf35 *delPdisco5 +cpf36* 
delPdisco6)/a23)-(cpf43*delPdisco3+ 
cpf53*delPdisco3+ cpf63*delPdisco3+ 
cpf44*delPdisco4+cpf54*delPdisco4+ 
cpf64*delPdisco4) 
ScheduledPtie3 | =((cpf41 *delPdiscol+ 
cpf5 | *delPdiscol+cpf61*delPdiscol+ 
cpf42*delPdisco2+cpf52*delPdisco2+ 
cpf62*delPdisco2y a;3)-(cpf1 5*delPdisco5+ 
cpf{25*delPdisco5+cpf16*delPdisco6+ 
cpf26*delPdisco6) 
The closed loop system in Fig.2 is represented in 
state space form as 


x=A°x+Bou 6) 
where x is the state vector and u is the vector of 
power demands of the DISCOs. A" and B? matrices 
are constructed from Fig. 2. Eigen values are 
computed from A“, which are used: for determining 
transient responses of frequency by modal analysis. 


(3) 


(4) 


IM. CRPSO ALGORITHM 


PSO is a flexible, robust population-based stochastic 
search/optimization algorithm with implicit 
parallelism, which can easily handle with non- 
differential objective functions, unlike traditional 
optimization methods. PSO is less susceptible to 
getting trapped on local optima unlike GA, SA etc. 


Eberhart and Shi [3] developed PSO concept similar 
to the behavior of a swarm of birds. PSO [4] is 
developed through simulation of bird flocking in 
multidimensional space. Each particle’s present 
position is realized by the previous position and 
present velocity information. In CRPSO [5], a 
craziness operator is introduced to ensure that the 
particle would have a predefined craziness 
probability to maintain the diversity of the particles. 


The velocity of the particle can be updated as:- 
V,,(iter)=r2*sign(r3) *V,.(iter-1) + (1-m)*Cy "1 *({x° 
ya(iter-1)- x jCiter-1)}+ (1-r2)#C2*(l1-r)*{x  „(iter- 
l} x ,,(iter-1)} (6) 
Where ri}, r2 and r, are the random parameter 
uniformly taken from the interval [0,1] and sign ts a 
function defined as 
sign(r3)=-1 when r3<0.05 

= | when r3>0.05 
When r; is large, (l-r) is small and vice versa. 
Moreover, to contro! the balance of global and local 
scarches, another parameter rz 1s introduced. 
For birds flocking for food, there could be some rare 
cases that after the position of the particle is 
changed, due to inertia, fly toward a region at which 
it thinks is most promising for food. Instead, ıt may 
be leading toward a region at which is in opposite 
direction of what it should fly in order to reach the 
expected promising region. To reverse the direction 
of bird’s velocity sign(r3) is introduced for this 
purpose. A craziness operator is introduced in 
proposed algorithm to ensure that the particle would 
have a predefined craziness probability to maintain 
the diversity of the particles. So, before updating its 
position the velocity of the particle is crazed by 
V,,(iter)= V,,(iter)+P(r4) *sign(r4)* V a (7) 
Where r4 is a random parameter which is chosen 
uniformly within the interval [0,1]; Vo” is a 
random parameter which is uniformly chosen from 
the interval [V u, Vj"); P(r) and sign(r4) are 
defined respectively as: 
P(ra=! when r< Per 

=0 when rz>P,, 

sign(r4)=-1 when r4< 0.5 

=0 when r4>0.5 
Where Pa is a predefined probability of craziness 
and iter means iteration cycle number. 


IV. INPUT PARAMETERS 

i) Maximum population pool size, np 50, 
maximum allowed iteration cycles for optimization 
per loop (L), Nm = 100, C1=2.05, C2=2.05, 
Predefined probability of craziness, P.=0.3. 
Via is decreased linearly from 10 to 1. 

ii) Area participation factors, apfl=0.6, apf2=0.4, 
apf3=1.0, apf4=0.3, apf5=0.3 and apf6=0.4.-The 
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scheduled load of discos in different areas, Participations of generations, Tie-line Exchanges, 
defPdiscol=0,3, delPdisco2=0.2, delPdisco3=0.2, Frequency deviations, Area Control Errors for test 
delPdisco4=0.2, delPdisco5=0.3, delPdisco6=0.2. cases 1 and 2. 


Onee ee : CRPSO BASED AGC o Li GAINS FOR AREA 
delPuncot1=0.1 delPuncot2=0. 1 and 
3 IN RAMETE t.=? =O b-0.425 
delPuncot3=0.! respectively. Ratio of rated powers bol ia Ue ee 


of arcal and area2, a)2=2.5, ratio of rated powers of 








Optimi 







Minm 










area2 and area3, O23=1/3, ratio of rated powers of Set a ne A Reie Te 
area3 and areal, a3)=1.2. of (Sec) 
iii) The constant input data of the three unequal Demeri 


Test 
Cases 
thermal! generating arcas are the following: 
f CRPSO | 1 | 05478 0.6935 
R61 704] 
TABLE II 





EJE aad t= 
Power System gain consan, k, (Hz*p u 


t 


V. SIMULATED TEST CASES 


COMPUTATIONAL RESULTS FOR TEST CASE 1 





puted 
Value 


The following are the test cases: 

Test case 1: It consists of area 1., arca2 and area3 are 
connected in radially. The contract participation 
factor matrix for the test case will be 





CPFM1= ” 
0.25 0.30 0.15 0.25 0.00 0.00 oc 
0.50 0.40 0.10 0.25 0.00 0.00 COMPUTATIONAL RESULTS FOR TEST CASE 2 


0.25 0.30 0.15 0.15 0.30 0.25 
0.00 0.00 0.25 0.10 0.30 0.15 
0.00 0.00 0.15 0.10 0.15 0.25 
0.00 0.00 0.20 0.15 0.25 0.35 


aah 
~J 
° 
wa 


Test case 2: It consists of area 1, arca? and area3 are 
connected in ring system. The contract participation 
factor matrix for the test case will be 
I= 
0.15 0.10 0.15 0.25 0.25 0.20 
0.10 0.15 0.10 0.25 0.10 0.15 
0.10 0.10 0.15 0.15 0.30 0.25 ii 
0.15 0.30 0.25 0.10 0.10 0.15 as 
0.25 0.10 0.15 0.10 0.15 0.10 be oe 
0.25 0.25 0.20 0.15 0.10 0.15 Hos 
















VI. COMPUTATIONAL RESULTS ' 
Optimum AGC controller gains for CRPSO Fig, 4. Plot of deltafl versus time for test case 1. 
algorithm are computed for all the above test cases. 
Table I shows the results of optimum AGC 
controller parameter obtained by CRPSO algorithm 
for both the test cases. Similarly, Tables II and MI 
show the results of optimum Generators 
Participations in gencrations, Tie-line Exchanges 
obtained by computed values using formulae of 
Section H and MATLAB-SIMULINK based results 
for different test cases. Figs. 4 to 10 show. the * - 
transient response characteristics’ of Generators Fig 5. Plot of deltaPG3 v ae 






15 Fa 


Tirma 7 
ersus time for test case | 
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Fig. 7. Plot of Arca Control Error, ACE2 versus time for 
test case 2 
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Fig. 9. Plot of deltaPticl2 versus time for test case 2. 
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Fig. 10. Plot of deltaPtic31 versus time for test case 2. 








VII. DISCUSSIONS 

In this paper, one heuristic evolutionary search 
technique Craziness based Particle Swarm 
optimization (CRPSO) has been adopted for 
determination of optimal PID gains suitable for 
optimal transicnt responses in automatic generation 
control in the three area AGC simulator. From Table 
HI, it is clear that in test case |, the computed values 
of Generators Participations, Tie-line Exchanges 
match with the actual values obtaincd by MATLAB- 
SIMULINK. But, from Table IV, it is proved in test 
case 2 that though Generators Participations 
matching with the actual values, but due to the loop 
power flow the computed values of Tie-line 
Exchanges are differing from the MATLAB- 
SIMULINK based values. This behavior is not 
reflected in ordinary two area AGC simulator. So, 
except for the three area ring systems in which tie- 
line exchanges are not matching with the computed 
values, our AGC simulator works well in gencral for 
AGC in deregulated radial system. Area control 
errors of the areas finally become zeros. Area 
optimal frequency responses and tie-line power flow 
responses exhibit minimum swings i.e., minimum 
overshoot, minimum undershoot and minimum 
settling time due to optimal PID gain of the areas. 
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Abstract—- The objective of the work is to develop a numerical 
adaptive relay for transformer protection using an cmbedded 
system based on a digital signal processor chip. Using the signal 
processing capability of the chip it is possible to implement the 
Method of Least Square Technique as a Digital Filtering 
Algorithm which makes it possible to study the Signature 
Analysis of the current and voltage signals and any other 
transducer outputs, which may serve as a basis for condition 
monitoring of the transformer as well as its protection. 


The special feature of this relay is that it chooses the appropriate 
IDMT relay curve for transformer over current protection 
depending upon the winding temperature to prevent inadvertent 
tripping of the over current relay during the switching 
phenomena. In this scheme using adaptive relaying philosophy, it 
was possible to load the transformer optimally (sensing the temp. 
condition) and climinating the any cause of inadvertent tripping. 
More over, accurate sensing of the fundamental frequency and its 
minor variation is important . This is done by the Method of 
Adaptive Sampling which is again a modular algorithm, 
embedded in the main Relaying Software operational from the 
DSP. Extraction of second harmonics component with respect to 
fundamental will give required amount of restraint to the relay 
and hence inrush blocking will be implemented. 


Key words—Adaptive, Numeric, Protection, Transformer. 


1. INTRODUCTION 


Adaptive relaying by A.G. Phadke et al [1], accepts that relays 
which protect a power system network may need to change 
their characteristics to match the changing power system 
parameters. So during normal and abnormal operating 
conditions of the power system it may be necessary to change 
the settings of the protection units to suit the varying 
configuration of the system. Adaptive relaying considers the 
fact that the settings of relays will be changed automatically to 
accommodate the variation of power system parameters [2] 
and therefore the adaptive relaying requires microprocessor- 
based intelligent device for efficient and reliable operation. 


According to Chen Yunping et al [3], the objective of 
providing adaptive relay scttings is to minimize compromises 


in system operation and allow relays to respond to actual 
system conditions. 


Usually the inrush current protection in transformers has been 
based on the second harmonic blocking method. In most 
countries this is a generally accepted method with good 
operational experiences by Bogdan Kasztenny et. al[4]. The 
waveform blocking criterion is always activated to detect both 
initial inrush, sympathetic and recovery inrush. This paper 
utilizes the concept of adaptive relaying to design protection 
scheme for transformer overloading using the ADSP-2101 
Digital Signal Processor (DSP), the signal conditioning of 
which will be based on The Method of Least Squares . 


H. OBJECTIVE AND THE DESIGN LOGIC 


The objective ts to develop a Numeric Adaptive Relay for 
Transformer overload protection using an embedded system 
based on the DSP chip. The sensing of second harmonics 
wave form is done during initial inrush, sympathetic and 
recovery inrush, since the second harmonic wave form 
establishes the blocking criteria for the relay . 

Accurate analysis of the second harmonic as well as the 
fundamental component is possible only after filtering of 
decaying DC componcnt from the waveform. The decaying 
DC , predominantly present in the inrush , is very accurately 
diagnosed by the digital filter with its algorithm based on the 
method of least square. 

Now the over load protection of transformer is based on the 
IDMT- relay curve and the over current protection acts upon 
the detection of magnitude of the fundamental component of 
the current signal. Blocking will be initiated if the second 
harmonics exceed a presct value of fundamental current or 
else, if the fundamental is not of alarming magnitude , the 
relay will follow the IDMT logic. 

The adaptability is embedded in the Relaying Logic in a two- 
fold manner. 


1. In the Digital filtering algorithm, where detection of 
fundamental component depends upon the sampling rate and 
any deviation of the fundamental frequency will entail a 
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change in sampling rate called the Adaptive Sampling 
Criterion. This is necessary for accurate filtering of the 
fundamental and the second harmonic component and 
decaying DC also. 


2. In the relaying algorithm, selection of the IDMT curve 
depends upon the winding temperature and therefore the 
overload characteristic of the relay adapts itself to the 
changing conditions of temperature . This is necessary so that 
the transformer can be used optimally and over load limit can 
be set depending upon the winding temperature. If the 
characteristic can be raised. loading will be cnhanced and if 
the characteristic 1s lowered then loading will be reduced 
automatically . 

The transformer can take care of itself on proper 
temperature condition monitoring and can filter out necessary 
harmonics on the proper detection of frequency of the 
fundamental component in the current signal. 


HI. DIGITAL FILTERING TECHNIQUE 


The Digital filtering ts based on the least square method [5] 
which is taken to get the least sum of error square of the 
abnormal current signal. This is a non-recursive long data 
window algorithm and 

a) suppresses noise 

b) fundamental frequency phasors are not affected by 

the presence of harmonics. 

The filtering algorithm is shown in fig.-1 


3.1 Adaptive Sampling Criterion 


The filtering technique involves working with pseudo- 
matrices, the elements of which may require alterations with 
frequency changes. This becomes tedious for the digital 
filtering algorithm to execute. 

Therefore adaptive sampling rate comes into operation. Say, at 
any instant line frequency was f Hz and we take 12 samples 
per cycle. So the sampling interval was | see. When the 


ne eo 


12x f 
line frequency changes to f' Hz then. if we want 12 samples 


per cycle, the sampling interval is __! sec., not l sec 
12x f' 12x f 
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Fig.-1 Flowchart for digital signal processing by the 
Method of Least Squares 


IV. RELAYING LOGIC 


The transformer protection is made operational with the 
ambient temperature as reference and winding temperature is 
monitored with respect to the ambient temperature . 
Depending upon the temperature, selection of curve 1,2,3 Is 
shown in figure-2. 
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Flow chat of relay program :. 
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start, the second harmonic component of the signal is en 
calculated and if is significantly present then a delay is | *fecons. I tecons, 
executed to wait for the second harmonic to die down. If fault 
occurs the fundamental value of the current is checked with 
one and a half times the rated value, and if it is so the trip 
circuit is enabled instantaneously. It may so happen that for a 
heavy fault, second harmonics maybe generated due to 
overfluxing, in that case the fundamental tracking method 
helps to arrive at trip. 


I *t=cons, 










set adaptive 
sampling rate 


om the digital simal processor oro: 


If the fundamental current is not greater than one and a half and extract the fundamental 


times of rated value the relay will be tripped as per the IDMT 
curve chosen. 


omponent, second harmonics & 
decaying de of alte phe sil the 





The mathematical expression of IDMT curve is built inside the %2 
numerical relay. The digital signal processor chip (ADSP- B) 
2101) cnables the execution of the signal conditioning 
algorithm based on the method of least square. This also 
facilitates in removal of decaying de offset from the signal and 
extraction of the second harmonics and fundamental 
component is also a result of execution of this algorithm. The 
rclaying algorithm is shown in Fig.3. 


Fig -3. Flow chart for adaptive relaying algorithm 


V. RESULTS AND OBSERVATION 


The input faulted waveform is shown in figure-4 
Now on analysis it was found that if the initial sample Io is 
placed in the middle of the data window then computation of 
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Fig.-3. Flow chart for adaptive relaying algorithm(contd.). 


) 


the peak of the decaying d.c is more accurate. Since it is a 
long data window algorithm appropriate attention and time 
was taken to be compute no. of samples per window which 
will be give the nearly exact value of the desired components 
in the signal. A typical resolution of the faulted waveform into 
the components of choice are shown in Fig.-5. The results of 
the relaying algorithm are shown in Table-I. 


magnitudes! signal 
o 
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Fig. 4: waveform of the faulted signal 


VI. CONCLUSION 


In this scheme using adaptive relaying philosophy, it was 
possible to load the transformer optimally (sensing the temp. 
condition) and eliminating any cause of inadvertent tripping. 
This is done automatically choosing the appropriate IDMT 
curve by the numerical relay. More over sensing the 
fundamental frequency 


second harmonics 





0 
Timne(ms) 250 


Fig.-5 , Fundamental, Second harmonics and 
Decaying de extraction result. 
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Table -1 Observation of 1elay output 
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and its minor variation is also important to determine 
fundamental and second harmonics, no of samples per cycle 
should be constant. Adaptive relaying utilizes the continuous 
changing status of the power system as the basis for on-line 
adjustment of the power system relay settings. Also if the 
sampling frequency increases, the error level reduces. Such 
adaptive concept will find a lot of applications in distance 
protection during feed extension and also to maintain 
protection co-ordination when the system uses FACTS 
devices. 
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Abstract— The inherent limitations faced by traditional 
decentralised system of record keeping and managing different 
electrical parameters can be replaced by a centralized automated 
system. This paper describes the development of a centralized 
automated system for monitoring, analyzing and managing 
electrical parameters of different sub-stations under normal or 
various contingencies from a remote location, so as to enhance 
the overall system performance using state of the art designed 
Geographical Information System (GIS). The inherent mapping 
feature of GIS software can be used to locate any sub-station and 
to retrieve data from the sub-station from a remote place and 
can accordingly control the power flow under normal and 
abnormal condition. 

Key Words-—~ Geographical information system, Serial 
communication. 


LINTRODUCTION 


lectricity is an aspect of the utility sector that is very 
essential to the smooth and meaningful development of a 
society. This involves generation, transmission and 
distribution of the electric current to consumers. Efficient 
distribution of the generated power cannot be achieved 
without proper record keeping and monitoring of the 
transmission and distribution network system. Electric power 
utilities worldwide are increasingly adopting the computer 
aided monitoring, control and management of electric power 
distnbution system to provide better services to electric 
consumers [1]. So for better utility design and maintenance; 
the more sophisticated computer based Automated Mapping/ 
Facility Management (AM/FM) or a Geographical 
Information System (GIS) must be embraced. The GIS 
provides an environment for building an electric facilities 
database, which includes graphic information and facility 
attribute data. The database can be used for engineering 
analysis, accounting and map production. Facility and network 
data can be retrieved by searching through the graphic and 
nongraphic data files. The monitored data can then be used to 
form input data files for power system applications. With the 
powerful graphic capability of the system, simulation results 
can be viewed from the computer screen along with the 
graphic displays [2]. 
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D.SYSTEM DESCRIPTION 
In this work the authors attempted to monitor the power 
system parameters like instantaneous voltage, Current and 
instantaneous Power and power factor, frequency and also 
some equipments’ temperature of a distribution system. For 
this GIS is the front platform where these parameters can be 
visualized and also some computed parameters like average 
active power, average reactive VAR etc are monitored. fn the 
background the system actually involves Microcontroller for 
data collection, serial communication (RS 232) protocol for 
data fetching from microcontroller to PC and Visual basic for 
different data retrieving as shown in fig.1, 





Figure 1: Block diagram of the overall System 


GIS Implementation 


There is no unique definition for Geographic Information 
System (GIS) but a commonly accepted one is that it is a 
system with computer hardware and software functions for 
the spatial data input, storage, analysis, and output [T. 
Bernhardsen 1992] [4]. All Geographic Information System 
(GIS) are computer representations of some aspect of the real 
world It is a computer system and a set of tools for capturing, 
storing, checking, integrating, manipulating, analyzing and 
displaying data, which are referenced to the earth. 


Proceeding of International Conference MS’07, India, December 3-5, 2007 


Hagget and Chorley (1967) point out that a spatial model 
places emphasis on reasoning about the real world by means 
of translation in space. [3]. A ‘well-designed GIS’ should be 
able to provide quick and easy access to large volumes of data 
and also it should have the ability to select detail by area or 
theme; link or merge one data set with another, analyze 
spatial characteristics of data. There are various application 
areas for GIS like in Defense Agencies for Target site 
identification, Mobile command modeling and Intelligence 
data integration; in public Utilities for network management, 
Service provision and Telecommunications Emergency repair; 
in Environmental management for Pollution monitoring and 
Resource management etc. 

In this paper Visual Basic Based GIS software JTMAPS2005 
has been used. GIS needs to handle two types of data — 
Graphical or Vector data and Non-spatial or attribute data. 
Vector data type- Vector data is composed of discrete co- 
ordinates that can be used as points or connected to created 
lines and polygons. Points - Discrete location on the surface 
of the planet, represented by an x-y coordinates pair. Each 
point on the map is created by latitude and longitude 
coordinates, and is stored as an individual record in the shape 
file as shown in fig 2a. 

Lines- Formed by connecting two data points. The computer 
reads this line as straight, and renders the linc as a vector 
connecting two x-y coordinates (X = longitude, Y = latitude). 
The more points used to create the line, the greater the detail. 
For lines, this means that the system stores one end of the line 
as the starting point and the other as the end point, giving the 
line "direction". as shown in fig 2b. 

Polygons- An area fully encompassed by a series of 
connected lines. Because lines have direction, the system can 
determine the area that falls within the lines comprising the 
polygon. Polygons are often an irregular shape fig 2c. 
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Fig2c. Polygon layer 
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Serial Communication between GIS S/W and the 


Microcontroller 


A communication method is necessary for creating a link 
between the outside world and GIS software for monitoring of 
data. Here RS 232 Protocol is used as the communicating 
method and data is stored as EXCEL file. In this work 
asynchronous serial communication is used. Each character is 
placed in between a start and a stop bit, which is called data 
framing. 


I. SCHEMATIC OF DATA ACQUISITION 


The fig. 3 shows the schematic of data acquisition system 
using microcontroller AT 89C51. For voltage measurement 
one potential Transformer (PT) is used to step down the 
system voltage to the input level of analog to digital converter 
(ADC). Here a potential divider is also used for calibration 
purpose. Similarly to measure the current a Current 
Transformer (CT) is used. For Temperature Measurement a 
temperature sensor is used whose output gives the voltage 
corresponding to station temperature. 


Te r ga i 
; IN 
= 
XICTIER FOF rer as FISD i 


Fig 3: Schematic diagram of project 


A four input multiplexer is used to sclect the proper channel 
either for voltage or current or temperature. As per software 
and firmware program when a signal is sent from the 
computer end for data type selection i.e. current or voltage 
data or temperature data, microcontroller receives this data 
through RS 232 serial communication register and send it to 
the multiplexer for desired channel selection. After sclecting 
the channcl multiplexer behaves as an analog switch and the 
corresponding voltage is then fed to the input of ADC. ADC 
then converts the voltage level to its digital equivalent data. 
The micro controller receives these data in the serial 
communication and transmits it to PC through the level 
converter for proper level matching, In computer the collected 
data is stored as an EXCEL file. Using JTIMAPS software 
three rooms are drawn which is represented as three sub- 
stations, 

The measured data are not the actual data. The data is to be 
calibrated by multiplying the CT and PT ratio. 

Actual current data= current data X CT ratio. 

Actual voltage data = voltage data X PT ratio 
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IV. FIRMWARE PROGRAM 


The program started at memory location 0040H. After 
receiving a signal from PC the microcontroller set the flag R7 
according to type of parameter i.e. voltage or current or 
temperature. Then the corresponding monitored value ts 
transmitted to the PC. 


Flowchart 


START 
INITIALISATION AT MEMORY LOCATION 0040H 


GUARANTED COMMUNICATION BETWEEN ADC & pC 
INITIALISATION OF SCON, TMOD, IE, THI, TLI REGISTERS 


SET TIMER | 





MOVE THE VALUE OF 
SBUF REGISTER TO 
ACCUMULATOR 


MOVE THE VALUE OF 
ACCUMULATOR TO R7 REGISTER 












V. RESULTS 


The fig 4 shows the developed GIS View where polygons 
shown are the representation of Graphical Data where the 
corners of polygons define the geographical boundaries of 
different stations. At the right side of this representation, the 
table shows the attributed data or Non-spatial data, which is 
the set of information, corresponding to spatial features. 
Spatial data can be linked with outside relational database in 
VB. 


587 





Fig4. Developed spatial and attributed data 


FigS & fig.6 shows the front-end view in VB of monitoring 


the voltage data and GIS view after data linking. Here each 
polygon representing one sub-station. 
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Fig.6. Display of monitored data of a sub-station 


VI. CONCLUSION & FUTURE SCOPE 


In this project we tried to give a new method for analyzing the power 
system with a different approach. Visual display of power system 
parameters of more than onc sub-station at a time and monitoring the 
parameters from a remote centralized area decrease the tedious 
method of record keeping and saves time of locating problems and as 
well as can control it in relatively short period of time. At the same 
time serial communication provide the facility of wireless 
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communication. So it reduces the cost of wired communication as 
monitoring of parameters of very remote place without wireless can 
increase the installation charge and protection charge in a large 
account. 
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Abstract—— During the past decade the clectric power supply 
industry recreates the electricity markets to improve efficient 
operation by competition. Deregulation has changed this with the 
explicit goal of introducing choice to customers, improvement of 
customer services and reliability. The spot pricing that result in 
the balance of supply and demand is announced to the customer a 
priory to plan how much electricity the customer has to buy or 
sell over and above that of forward contract. The spot pricing 
can be estimated with degrees of uncertainty and the paper 
considers cases of cost reduction for quality or quantity of 
electricity needed by a power pool. The cases considered are — a 
deterministic model for quality improvement at lower cost and an 
uncertain model via fuzzy logic for cost reduction by purchase at 
the market rate. 


Key words— Deregulated power system economics, spot 
pricing, Fuzzy logic based tariffs, purchase demand scheduling. . 


I. INTRODUCTION 


HE reform trends of the 1990s in electricity markets 
recreates, to some extent, the institutional frame work 
which was developed a century ago. Pricing of electricity 
has evolved in the past for a regulated and monopolistic power 
system on the basis of revenue reconciliation over a period of 
time related to service life of equipment fixing the marginal 
cost of installation and production of electricity [1,2,3] and a 
reasonable amount of profit. Conditional pricing for the time 
of the day (TOD) use of electricity as well as penalty for low 
power factor loads were variations available. Thus tariff is a 
document, approved by the responsible regulatory agency, 
listing the terms and conditions, including a schedule of prices, 
under which utility services will be provided .However, power 
sector has undergone a restructuring in many part of the world 
and it is observed that the effective economies of the country 
have relied on price 1esponse to match supply and demands of 
electricity in the dynamic mode. While the restructuring was 
first undertaken by the developed countries like USA, UK, etc. 
13,4], the developing countries like India has also started the 
restructuring process by setting up a regulatory commission to 


regulate tariff based on economic rational to promote healthy 
competition, private involvement and efficient plant operation. 
In India since 100% restructuring down to the smallest of 
distribution consumers is difficult due to unawareness of the 
new system and the non availability of remote automation in 
billing and display system, only a few central sector and state 
boards have started the availability based tanff (ABT). Excess 
power of Easter Region is being sold to Northern and 
Southern regions through power trading corporation through 
competitive bidding. This paper deals with the details of 
utilizing the information of pricing structure in a deregulated 
environment for optimal utility gain. The pricing structure has 
a nominal set based on past data, forecast of demand and 
normal availability and is modified by the impact of 
contingency and involvement of competitively inefficient 
generation capacity to meet the demand in the dynamic mode. 
It has been shown that with spot pricing of electricity, the 
utilities will save expenses by rescheduling the consumption to 
off peak load demand period and by choosing corresponding 
sellers that suit the utility most. The strategy for real time 
pricing (RTP) can be either announcement of pricing rate on 
hourly basis for twenty four hours a day ahead or 
announcement of one hourly rate at a time twenty four hours 
ahead. However, since the loadability of transmission and 
distribution owned by an agency may not be known to other 
agencies who do not own them to facilitate power wheeling, an 
independent system operator (SO) is required to guide the 
market operation without the risk of chaotic behaviour or 
collapse which has actually happened in California [5]. 

The pricing structure under the changing scenario is a matter 
of great interest and the uncertainties associated with the 
forecast and the availability of generation and vendors make 
the optimal operation a much desired criterion that has been 
dealt with in this paper for selective guidance. 
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I. BASIC SYSTEM 


The basic case considered is the generation of elcctricity by 
various agencies to formulate their own pricing structure for 
the market. Extreme case is that of captive power generated 
by utilities and made available to the grid. Transmission and 
distribution network are under a single regulated body. The 
alternatives of various vendors of transmission and distribution 
would be a hierarchical state requiring an ISO. The cost of 
ancillary and quality of services are accommodated by a 
suitable model and constraints of energy storage, availability 
and power wheeling congestion and buy back facility are 
ignored at the first instance. A first level Electrical Energy 
Market of deregulated power system is shown in Fig. I (a). Fig. 
1(b) shows a typical utility connected to loads, other utilities 


Felon Network 
Pie orter utilities 4) Cost function minimization by hard limits. 


and the grid through sub transmission, transmission lines and 
the circuit breakers. However, an_utility may have a number of 
power plants, interconnected via transmission lines and having 
its own load. 

A market place is designated by a forward contract 
arrangement followed by incidental purchase on designated 
spot pricing available. The spot pricing as already stated is 
variations on the normal rate as influenced by competitive 
demand, contingencies and other restriction on operation. In 
general it will be non-linear function of energy usage. 
However, the non-linear function can be split into piece wise 
linear incremental characteristic for given ranges like 


OF/dP=b+2cP, Pun < PS Pina (1) 
where ‘F’ is the cost function, ‘P’ the power and ‘b’ and ‘c’ are 
given constants of the spot pricing. 
IM. SOLUTION METHOD 
The problem then boils down to optimal solution of cost 
function minimization, subject to, 
1) Equality constraint of power generated = 
demand + power loss. 
2) Inequality constraints of generation, i.e. Pma < P S 
Prax 
3) Inequality constraints given by the load ability of 
transmission lines. 


power 


However, in this paper a further dimension has been added by 
considering the uncertainties of load forecast and that of power 
generation and transmission. To keep the problem simple the 
iransmission line whecling congestion is ignored, but the 
consequence of line loadability limit within the utility is 
considered both as hard and soft limits. 

The uncertainties are specified by a triangular membership 
function to introduce fuzziness in the character of the variables 
like forecast and the inequality constraints of power generation 
and line loading limits. The following stage wise steps are 
given to bring out the effectiveness of the idea. 

Step-1: Optimum Power Flow (OPF) solution is carried out 
for the internal system with hard bounds for cost evaluation. 
Step-2: Optimum Power Flow (OPF) solution is carried out 
with external buying for given discrete power pricing structure 
and hard bounds to check for overall cost. 

Step-3: Cost reduction on the base case of step-2 by 
considering soft limits on the basis of fuzziness of variables 
and evaluating the cost reduction with a particular reliability 
factor of achieving this target. 

For this purpose General Gradient Reduced method has been 
used with the help of programme package [10]. 


IV. MATHEMATICAL FORMULAE 
In modeling real time electricity rate structure, the objective is 
to set the spot price of electricity for each consumer equal to 
the marginal cost of supplying power to the consumer at that 
instant of time. These are usually determined by Optimal 
Power Flow (OPF) solution. Since the demand changes in each 
time interval, for any given demand the operational constraints 
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consumers for providing power. Since the demand, constraints 
and unit commitment are not known a priori estimates are used 
which leads to uncertainty elements to the deterministic model. 
The mathematical formulation for OPF based deterministic 
model is as follows: 


may FUP. } Subject to 
AP =P, ~Pa +P =0 

(2a) 
AQ, =2, Qa +2, =0 


for all i[1,N] (e 


P 


G mun 


QG min s Qoi Ss Qo max fori € Kg 


Vin SV, SV 
for all /£1,N] 
P mia SP, S 


y min 


< Po S Pom Jorie Ro (3a) 


(36) 


(4) 


P 


Y max 


(5) 
for all i[1,N] 
where, 


X 
P, =V, 9, Y,V,Cos (6, -6, ~0,) 


jal 


(6) 


hd 
Q, =V, X, Y, V Sin (8, -8, -0,) (7) 


yal 
P_=Y,WV2Cos0, ~VV,Cos(6, -5, —0,)} 
F (P,,)=4, +b, P, +c, P3 
For which the Lagrangian is, 
F a Y, F, (Pa )+ PARAR, + $4040, + F, Ho (Po ~ Pumm + 
F u, (Pe, -Pomat F i, Qo, -Qp om +>, Hy, Qe, - Onna) 
+¥ Ya, (P, - Paw + SY Hay (P, — Py ma +E Ha, V, en )+ 


Y Us V, -V,m ) (10) 


Neighbouring 
eS Utility 


l 4 


(8) 
(9) 


Fig. 2 Single Line Diagram of a 5- Bus Two Generator power system with 
neighbouring utility at bus 4 
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with the symbols P, Q for active and reactive power, N the 
number of buses, G for generation, S for source, V,Z6, is the 


voltage at i bus and Y,Z0, is the admittance of the 
transmission line ij and Rọ is the domain of all the generating 
units. 

For purchasing power from the market, the market price is 


modeled with triangular fuzzy numbers with linear functions 
for left and right membership. Therefore if the minimum price 


is A= daha) and the offered price to import the 
maximum power is A ax = (Arola E EN ) 
then A= AymP, which is also a triangular Fuzzy number, 


Armas — Ao bi ae ~La Phx ~ Tag 
a . eee 


P, i u 
In contrast to deterministic minimization, utility may try to 
reduce the cost by a certain percentage with a satisfaction level 
G which is also a triangular membership function such that G- 
F20 


Therefore maximize Ya bcil pa + Aoc: "pq, ) Subject to 


-ZF (Pa)-8|le +E Fpa |20 (11) 
OP, 

and 

AP, -(- F AP +Y AP )-8 (0 Yan +S rn tlc J20 (12) 
AP, — F AP, + FP, -53(Y lan + Diba, + rpg J20 (13) 


for each bus 


Pre =P, ~ô,rp 20 (14) 
P,- PP -d4l, 20 (15) 


for each line 


—n 


where, m= 


with §’s as the measures of acceptance, Qo, and Opg, are 


the weighting factors of the left and right spreads of the 
generation of unit I respectively. 

V. CASE STUDIES 
Three examples are worked out for illustrating the ideas 
enumerated so far. 
A, Example-I 
A five bus problem from G.W.Stagg, A.H.AI-Abiad [6, 7] with 
two internal generations and buying from market at a particular 
bus. The power system is as shown in fig.2. 
B. Example-U 
A five bus problem solved through DC load flow with two 
internal generations and purchase of power from market place 
at two identified busses of the power system taken from the 
rcicsence [8]. 
C. Example-III 
A five bus problem solved through DC load flow with two 
internal generations and purchase of power from market 
place at one bus which is a modification of problems solved by 
Shahidepour [9]. 
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Case I 

It may be observed from Table 1 that though average load that 
is at L.S.F.1.0 the system operates reasonably well with low 
transmission line loss and adequate bus voltage, at peak load 
that is at L.S.F. 1.4 the bus voltage at bus 5 deteriorates under 
excessive reactive power demand and the transmission line 
loss also increases dramatically. A solution for this situation is 
to buy market power at bus 5 as is shown by the last row data 
in Table 1, if the objective function of optimality is minimum 
loss and good quality of power by purchasing power at bus 4 
from neighbouring utility characterized by constants given at 
the appendix that gives a higher running cost of $8127 per 
hour that would be further escalated if wheeling charges to bus 
4 is included. Alternatively, switched reactive power 
compensation may be considered as in [7] at a fixed cost. Cost 
of generation also can be minimized if the purchase of power 


from neighbouring utility is at a lower rate than the one 
considered here. This case illustrates reactive power coverage 
and considers voltage limits but does not consider limits for 
transfer of power over the transmission lines. 


Case HI 


The base case is the unaided utility with a load of 100 
MW at bus 5 and 120 MW at bus 4 and generators with 
maximum rating of 130 MW at bus 3 and 110 MW at bus 5. 
The deterministic cost minimization problem with constraints 
produces a solution of generation level of 130 MW at bus 3 
and 90 MW at bus 5 with a over all cost of operation $ 656.7 
per hour. The corresponding line flows are flexible with a 
margin of 20 MW from the loadability limit. Assuming sub- 
constraints and fuzziness of the system load the cost of 
operation can be brought down to $ 591 per hour in case of 
purchase from market consisting of two neighbouring systems 
that is a 10% saving over $ 656.7 per hour. The levels of 
generation and line flows are shown in Table-2.It may be 
observed that the distribution of power line flows is unique 
without any flexibility and the loadability limits are just 
maintained. Any uncertainty in the right spread of power 
demand would require over loading of lines. 

Table 1 


Estimated performance results of Case I for two specific load demands fc 
optimality conditions of (1) minimum loss and 


ie Loss in 
Factor pu MW 


Minima 
m cost 
0.027 


Utility 
in pu 


Minimu 
m cost 
0.066 





TABLE-2 
| Pot 
na Po 
Pon 
L Pis 


Pr 
Ps 
aa Ba 
a a 
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Case MI 
This case is similar to case M but the only difference is that the 
power can be purchased from one neighbouring utility at bus I. 
The generation and the line flows for the fuzzy model are 
shown in Table-3. The cost reduction is to the tune of 9.5% at 
$ 593.3 per hour. 

VI. CONCLUSIONS 
Two typical case studies (Case I and Case H & Il) carried out 
on well documented power system networks clearly show how 
quality of supply in terms of voltage and cost reduction 
corresponding can be achieved by suitable purchase of power 
from the market. The alternative proposal of selling power to 
the market from the stock of advanced purchase contract can 
therefore be also carried out when the spot price goes up. . The 
uncertainty factor of spot pricing and load forecasting has been 
dealt with fuzzy membership function and cost minimization is 
carried out on the basis of an acceptance parameter 6 near 
about 1.0. In the case studies of II and II cost reduction of 
about 10% from the base case has been achieved by loosing 
margin of safety of line loadability and the flexible nature of 
line load distribution. Though the investigation reported in this 
paper has excluded direct evaluation of pricing of the 
transmission system component including wheeling charges 
but a recent paper [11] has indicated bilevel transmission cost 
component evaluation for nodal electricity charges by 
minimizing a linear combination of right and left spread of soft 
bourd as it has been considered in this paper. Therefore, this 
investigation has a further potential to include transmission 
system cost as well. 

VI. APPENDIX 

The 5-bus system considered is described in details in [6] but 
the bus loadings are considered to vary over the day. 
Calculations shown are for a load scaling factor of 1.0 and 1.4 
and the generating unit cost characteristics and limits are given 
in table 4 
Corresponding to the generating unit cost 


Calculation based on F(P) = a + bP + cP? with F in $hr, a in- 


$/hr, b in $/MWhr., c in $S/MW°hr and P in MW. 


Power purchased at bus-4 from neighbouring utility was with 
constants a = 300 $ / hr, b = 3500 $ / MWhr, c = 600 $ / 
MW‘hr. 

The corresponding data for case 2 and 3 have been taken from 
[8] and are shown in Table 4 & 5 with the additional data of 
right and left uncertainty limits. 


_ Table -3 
Generators cost and limit Characteristics (Case — 1) 
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Table -4 


$/MWhr 
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Abstract— This paper presents an efficient approach to feeder 
reconfiguration and capacitor placement for power loss reduction 
and voltage profile enhancement in radial distribution systems. 
Genetic Algorithm (GA) is chosen to solve the network 
reconfiguration problem and capacitor placement problem. The 
advantage of this method is that it can provide a global or near 
global optimum for feeder reconfiguration and capacitor 
placement. The proposed method is illustrated by employing an 
IEEE-33 node system. 

Key words— Distribution system, reconfiguration, capacitor 
placement, genetic algorithm, power loss reduction. 


I, INTRODUCTION 


N the field of distribution automation, optimal 

reconfiguration and reactive power compensation allow the 

attainment of some important goals such as reduction of 
power losses, voltage profile flattening, improvement of power 
factor, etc. Feeder reconfiguration is defined as process of 
altering the topological structures of distribution feeders by 
changing the open/closed states of the sectionalizing and ttes 
switches. The networks are reconfigured to reduce system real 
power loss, optimal linking of new loads, relieve overloads 
and service restoration. 

Through the application of reactive power compensation 
one can reduce power loss, improve the voltage profile and 
quality of supply. Capacitors have been very commonly used 
to provide reactive compensation in distribution systems, The 
benefits of compensation depend greatly on the size of the 
capacitors added. Using switched capacitors the size of the 
capacitors installed on feeders can be varied. 


The early work on feeder reconfiguration for loss reduction 
is presented by Aoki.k et al.{1]. Baran and Wu [2] defined the 
problem for loss reduction and load balancing as an integer- 
programming problem. Chiang et al. proposed a solution 
procedure employed simulated annealing [3,4] to search for an 


acceptable non-inferior solution. The other approach to feeder 
reconfiguration considering the abulity of system transformers 


and power loss, and voltage profiles had been respectively 
presented [5-9]. Optimal capacitor placement is a 
combinatorial optimization problem that is commonly solved 
by employing mathematical programming _ techniques. 
Grainger and Lee [10-12] formulated the problem as a non- 
linear programming model that can be solved by simple 
iterative procedures based on gradient search. Su et al. [13] 
applied fuzzy reasoning approach to optimum capacitor 
allocation. 

Most of the previous studies handled reconfiguration 
problem without considering the capacitor addition [1-9], or 
handled capacitor compensation problems without considering 
feeder reconfiguration [10-14]. They dealt with the feeder 
reconfiguration and capacitor addition in a separate manner [1- 
14], which may result in unnecessary losses and cannot yield 
the minimum loss configuration. However few papers using 
heuristic techniques for feeder reconfiguration and capacitor 
placement had been presented [15-17]. In view of this, the 
Genetic Algorithm method to determine the feeder 
reconfiguration and capacitor sizing for optimal loss 
minimization of distribution systems is proposed: The 
proposed method can attain a global or near global solution for 
feeder reconfiguration and capacitor setting. 


I. PROBLEM DESCRIPTION 


In this study, an approach for feeder reconfiguration and 
capacitor sizing for distribution systems is proposed. The aim 
is to minimize the power loss of the system, subject to load 
and operating constraints. 

The distribution system reconfiguration problem for loss 
minimization is to decide the position of sectionalizing 
switches and tie switches under the current capacity and 
voltage limit constraints at the same time all loads are to be 
powered. 

The objective of the capacitor placement problem is also to 
reduce the active power loss of the system, the same as the 
feeder reconfiguration. 


Ill. FEEDER RECONFIGURATION BASED ON GENETIC 
ALGORITHM 


This problem can be formulated as 
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Nb 2 
Min. f =21 oly (1) 


Subject to 
V am <V <=V ymax and 1g <=] gmx 
Where f= total active power losses of the system 
np = total number of branches 
Iq = current flowing through the branch j 
ro = resistance of the branch j 
V a) = voltage at node i 
In addition, feeder reconfiguration has to obey the following 
rules: 


i) Any load can’t be left out of service. 
ii) Network structure must be radial. 


A. Chromosome Coding Strategies 


Most of available GA applications in power systems are 
simply employing GA and no special attention has been put on 
the characteristic of the solved problem, modeling and solving 
technique [18]. In fact, the most critical problem in applying a 
genetic algorithm is to find a suitable encoding method for 
chromosomes in the problem domain. 

1) Shorten the Length of Chromosome 

To maintain continuous power supply to all the loads, the 
following set of rules to be adopted for selection of switches. 
Rulel: All switches those do not belong to any loop are to be 
closed. 

Rule2: All switches connected to the sources are to be closed. 
Rule3: Sectionalizing switches, those lie on LV side of the tie 
switches, are taken as opening options of the initial 
configuration, 
Rule4: Selection of sectionalizing switches to be opened is 
done by taking any one switch among the available set of 
switches for a particular tie switch closed. 

2) Coding and Genetic Operation Strategies 

In this paper, crossover operations are defined as to 
exchange between the same templates and mutation operations 
are restricted in one template [20]. 


B. Implementation of Proposed Algorithm 
1) Initialization of population 
Initial population is generated randomly with the given 
population size. By decoding the strings we can get the actual 
configuration of the system. 
2) Fitness 
The fitness should be capable of reflecting the objective and 
directing the search towards optimal solution. Load flow 
calculation is performed to obtain active power losses. 
Reciprocal value of active power losses is: proposed as fitness 
function. So fitness function can be written as 
 Fel/f (2) 
3) GA operations 
In the proposed algorithm, Roulette wheel and Elitist model 
selection methods are employed. In this way, the diversity of 
population can be maintained and the best individuals can 
survive in new generation. In Elitist model selection method, 
the chromosomes ranked in ascending order according to their 


fitness values. The individuals with the best fitness are adopted 


for the new generation. 


4) Terminating rule 
The process of generating new trials with the best fitness 
will be continued based on the difference between best fitness 
and average fitness is less than specified error. 


C. Flow chart of the proposed GA 


The flow chart of the network reconfiguration based on GA 
is given in Fig.1. 


Ho Leet 
sivus 
N r 


Fig.1 Flow chart of network reconfiguration based on GA 


. IV. OPTIMAL CAPACITOR PLACEMENT BASED ON GENETIC 
ALGORITHM 


The objective function of the present work is to determine 
the optimal sizes of the capacitors. The problem can be stated 
as, 

Max. S= KE-KC (3) 

Where | 

S= net savings ($) 

KE= benefits due to saving in energy (kWh) 

KC= cost of installation of the capacitor 
(a) Benefits due to savings in energy loss is given as 

KE =AKE xr (4) 

Where 
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c 


AKE= savings in energy losses 
== (Annual energy losses before installing the capacitor)- 

(Annual energy losses after installing capacitor) 

r = rate of energy in $/kWh (taken as $ 0.06/kWh). 
(b) Cost of installation of capacitor is given as 

KC =Qc XICKCxKIKC (5) 

Where 

Qc= size of capacitor (kVAR) 

ICKC = cost of capacitor/kVAR ($ 4.0 /kKVAR) 

IKC = annual rate of cost of capacitor (taken as 0.2) 


A. Implementation aspects of GA based capacitor sizing 


In this section, GA is applied to calculate the optimum 
values of capacitors required to be placed on a radial 
distribution system to maximize the net savings while kceping 
the voltage at nodes within limit by considering the cost of the 
capacitors into account. The candidate nodes for the placement 
of capacitors are found using power loss index and the 
implementation details are given in [21]. 

The simulation considers cach string as a list of numbers 
varying from 0 to 3 (assuming 3 capacitor banks). Each digit 
represents the number of capacitor banks at a node. A 
maximum of 3 capacitor banks has been placed at a node. The 
number of digits in a string depends on the number of 
candidate nodes selected. Binary coding of the string is not 
implemented because of the large size of the search space for 
which the execution time is very high. So, integer 
representation is employed to represent capacitor size. During 
mutation one of the digits is replaced by another digit, which is 
randomly gencrated from the list (0,1,2,3). 

The strings are generated such that each element of the 
string varies from 0 to 3. Even though the initial population is 
generated randomly, consistent results were obtained. This has 
been verified by running the program several times with 
different initial population 

1) Evaluation of fitness function 

The fitness function should be capable of reflecting the 
objective and directing the search towards optimal solution. 
For each population or string size, the calculated capacitors are 
placed at the candidate nodes and the load flow method [19] is 
run and the losses, net savings are calculated and these net 
savings become the fitness function of the GA (as savings are 
maximized). 

2) Algorithm for GA based capacitor sizing 
The GA based capacitor sizing algorithm is given below: 

1. Generate the random population for size(s) of 
capacitors for Gen = | 

2. Perform load flows and determine various node 
voltages, active power losses 

3. Obtain the fitness function 

4. Select parent strings by roulette wheel production 
process 

5. Perform cross over and mutation on the selected 
strings and obtain new strings for next generation 

6. Repeat steps 2 to 5 until the difference between best 
fitness and average fitness is less than specified error 


7. Stop. 


V., COMBINED OPTIMIZATION OF DISTRIBUTION SYSTEM 


Feeder reconfiguration and capacitor placement are two 
important means in reducing the power loss of distribution 
system. If these two means combined together, it is almost 
certain that much better result can be obtained. With this idea 
the program that can perform both the tasks is developed. The 
flow chart of the proposed method is shown in Fig .2. 

After feeder reconfiguration, the original scheme of 
capacitor placement is probably not the best one under new 
network topology, so a new type of feeder reconfiguration and 
capacitor placement is adopted. 


Start 


Rend lrme and load data of the 
ay ete ex 
KFeodear raeonfiguraticn 
Caymcizter plmoormont 


Bnd 
MO TIP ute tic mn 


Fig.2. Flow chart for combined optimization problem 


A. Illustrative example 


The effectiveness of the method is illustrated with IEEE 
33-node, 12.66 kV, radial distribution system [2]. This 
example can be explained with four different cases as follows: 
Casel: Only feeder reconfiguration is considered 
Case2: Only capacitor placement is considered 
Case3: Both capacitor placement and feeder reconfiguration 
are considered. However, capacitor addition is carried out 
before feeder reconfiguration. 

Case4: Both capacitor placement and feeder reconfiguration 
are considered and are taken into account simultaneously. 

The summary of results for all the four cases is given in 
Table.1. 


VI. CONCLUSION 


A useful feeder reconfiguration and capacitor placement 
problems employing genetic algorithm method for loss 
reduction of distribution systems has presented. The two 
important means of reducing the power loss of distribution 
system are combined together in order to obtain better 
optimization result. The algorithm has high efficiency in power 
loss reduction and improvement in voltage regulation. The 
proposed method has been applied for different systems and 
the results show that it has a good performance and suitable for 
online application. From the results, considering both feeders’ 
reconfiguration and setting of capacitor simultaneously can 
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TABLE 1. THE SUMMARY OF RESULTS 
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generate more loss reduction than considering them 
separately. In addition to, power loss reduction, the voltage 
regulation can be improved as well by the proposed method. 
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Abstract— Yn this paper, based on the clectromagnetic field 
theory in frequency domain and by using the full set of Maxwell’s 
equations, an exact numerical method is presented to calculate the 
high frequency characteristics of clectrode excited by high 
frequency sources such as lightning, faults etc. In this method, the 
effect of ground-reflected waves which exist due to the boundary 
between earth (lossy medium) and air, have been considered 
according to the modified image theory that includes a modified 
reflection coefficient (RC) instead of solving the Sommerfeld 
integral(S.I) in the high frequency formulation of the Green 
function. 


Keywords— Electromagnetic fields, High 
performance, Computer modeling, Grounding system. 


frequency 


1 INTRODUCTION 


(OPTIMUM performance of the grounding systems in 

substations is very important for providing human safety, 
correct operation of protective device, dissipation of lightning 
and fault currents, minimization of the flashovers during 
transients, electromagnetic compatibility in sensitive electrical 
equipments and insulation coordination of power systems. The 
steady state behavior of grounding systems (at power 
frequency) is well understood through many procedures 
proposed in the literature. Nevertheless, the high frequency 
analysis of grounding grids under impulse currents excited by 
lightning discharges, switching and faults are still under 
research. For investigating the high frequency performance of 
grounding systems, many researches and studies have been 
presented, yet [1]-[27]. 

In general, high frequency modeling of grounding gnds can 
be classified into four categories: 

Circuit modeling [1]-[6], which is based on replacing all 
conductors of grounding system by an equivalent circuit 
containing lumped capacitors, inductors and resistors with too 
many approximations. 

Electromagnetic field calculation methods [7]-(17], which 
solve the problem in time and frequency domains by using the 


full set of Maxwell’s equations. These methods have made the 
least assumptions and so they are the most accurate 
procedures, 

Hybrid methods [18]-[20], that combine the circuit and 
electromagnetic field approaches. In these procedures, the 
analysis is carried out easier than the electromagnetic field 
method but with lower accuracy. 

Equivalent transmission line substitution [21]-[27], which 
are based on traveling wave calculations. This model neglects 
the mutual electromagnetic coupling between grounding 
conductors and its accuracy is not desirable. 

In this paper, based on the electromagnetic field theory in 
frequency domain and by using the full set of Maxwell’s 
equations, an exact numerical method is presented, so-called 
method of moments (MOM). According to the MOM, a new 
method to analyze the transient behavior of grounding 
electrode up to 40 MHz is presented. In this method, the effect 
of ground-reflected waves which exist due to the boundary 
between earth (lossy medium) and air, have been considered 
according to the modified image theory that includes a 
modified reflection coefficient (RC) instead of solving the 
Sommerfeld integral in the high frequency formulation of the 
Green function. 

In order to show the accuracy of the proposed method the 
results of two methods from the literature are also shown, and 
a discussion is given. 


H. FREQUENCY ANALYSIS OF GROUNDING ELECTRODE 


The frequency response is a useful approach to introduce a 
system in terms of its response to inputs with different 
frequencies. Whereas the frequency response of a system 
depends on its clements and reveals its natural frequencies, so 
it can be used to find the output of that system for a given 
input, Fig.! shows a horizontal grounding electrode that is a 
perfectly conducting element, with length L and rads r, 
buried in a lossy medium with permittivity €., permeability 
Ht, and conductivity o, (earth), at depth H that is fed by a 


high frequency current source (Ip) which corresponds to 
lightning, faults or etc. 


598 


Proceeding of International Conference MS’07, India, December 3-5, 2007 


Air 
(& > Ho) 







Earth 
(é, >, > O,) 






2 evesee n-i B 


Am m a ap oe 


Fig.1. Grounding electrode buried in earth 


In sequel, first two published procedures [15],[24] for 
computing the input impedance and the behavior of grounding 
electrode in the frequency domain are described for 
comparison with the proposed method. 


A. The boundary element procedure based on RC [15] 


This procedure is based on the antenna theory model for the 
horizontal grounding electrode. In the model, instead of 
evaluation of Sommerfeld integrals in the Green function 
(described in section 2.3) for the influence of the two media 
configuration (earth/air half space), the reflection coefficient 
(RC) approximation has been used. First step in the modeling 
of grounding system in frequency domain is segmentation of 
the electrode and calculation of longitudinal current 
distribution in each segments. For evaluation of these currents, 
the following process must be carried out. 

According to the horizontal grounding electrode presented 
in Fig.l the electric field integral equation for a thin wire 
buried in a lossy medium is computed by the Pocklington 
integral equation as: 





LIF a3 
~] ð 2 
[4 ROE oy J E ERG } (1) 


leo(x.x )- Rng gil xx Ye Jae" 


where Eis tangential component of the incident field, 1x9 
is the unknown current distribution induced along the 
electrode axis, g,(x,x’) and g,/x,x) are the source and image 
(according to image theory) Green functions for grounding 
electrode buried in the lossy media, respectively, and are 
defined by: 








~ ph yR, jk R, 
g(xx)=——, g(xx')=* (2) 
Rı R; 


In addition, k, is the propagation coefficient of the earth and 
R; R2 are the distances from the source and image points to 
the observation point. The treatment of half space is 
considered by RC approximation through introducing: 


f (1/njoos 0-V1/n~ sin? 0 (3) 
TM r 


(I/njoor0 +41 /n—- sin’? 6 


where 8 and n are computed by: 
0 = arctg zg?” a Eg = €84- J = (4) 


According to [15], by extension of Eq. (1) for M segments 
and applying the boundary element scheme, a set of lincar 
equations can be derived as: 


S SELU] <b (5) 


jetinl 


where /Z]; is the matrix representation for the mutual effect 
(i.e. mutual impedance) between ith and jth segments and N, is 
the total number of basis functions on nth wire. 

Then with computing the current distribution along each 
segment by (5), the electric field and voltage in any point on 
the grounding electrode can be calculated and consequently 
the input impedance in frequency domain is computed. 

B. Simple Formula for Frequency dependent impedance 

[24] 

This method presents a simple formula based on the 
transmission line theory for computing the horizontal ground 
electrodes in high frequency. Corresponding formulas for the 
characteristic impedance ( Z, ) and the propagation coefficient 
(y ) of the grounding electrode, depicted in Fig. 1, is given by: 


cal) j 


| i) (o + ws) 


The prounding impedance of the electrode, Z, may be 
obtained by: 





Z = Z, coth(yL) (8) 


C. The proposed procedure 

The proposed method is based on investigating the behavior 
of grounding electrode in the frequency domain through 
computing the distribution of dissipated leakage currents from 
grounding electrode to earth. Derivation of the relations and 
the whole procedure is described in the following steps: 
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1) The problem formulation 
First, the grounding electrode is divided to n segments. To 
maintain high accuracy, the length of each segment should be 
less than one tenth of the minimum wavelength of the 
considered frequency spectrum. l 
Fig. 2 shows two segments of the grounding electrode. The 
normal electric field on the surface of cach segment is the sum 


of E, that is the normal component of incident electric field 

intensity impressed by the high frequency current point source 

on the surface of segment and Es (aY Ea) is the normal 
k=! 


scattered electric field intensity caused by the leakage currents 
of different segments . 


-Alr 
OTELE ETALE TTT TT 
Earth 
J swei () Q semens C) 


Fig.2. Segments of grounding electrode impressed by electric fiekts 


Given the relations in Appendix I to find the electric field at 


any point, the potential (U/) caused by the electric field (E) at 
any observation point (z) can be written by: 


U=-[Ea (9) 


For solving this problem, according to Fig.3, it is assumed 
that the point current source with known current value (Z is 
uniformly leaking current into earth. As is depicted, with 
assuming perfect conductor performance for the electrode, the 
induced voltage in each segment is obtained by superimposing 
two components; the first one is due to the voltages induced by 
the leakage currents of different segments, named as V, and is 


calculated as: 


a n 
V =Ý Va => Zala j=l, 2an 
km] ku] 


(10) 


while Z; is the sclf-impedance of the j-th segment which is the 
ratio of the voltage induced on the j-th segment due to the 
leakage current /, , and Z, is the mutual impedance- between 
the j-th and k-th segments which is the ratio of voltage induced 
on the j-th segment due to the leakage current Z}, . The second 


component of the voltage, named as V, (that is equal to V), is 


the voltage induced on the ith segment due to the point current 
source and is calculated by (18). 

Therefore, the basic relation for voltages of different 
segments can be shown, in matrix form, as: 


Z]l,}= lV, | 


where the /Z} matrix contains self-impedance of each 
sepments and mutual impedances between segments. The 
column matrix /, represents the unknown leakage currents 


and V, is the vector containing the second component of the 


(1) 


induced voltages on the segments. 





Fig.3. Representation of induced voltage on jth segment 


2) The voltage computation at any point 
When a buried electrode injects a leakage current in the 
lossy medium, at any point in its proximity, the leakage current 
density /, is given, by Ampere-Maxwell law, through the 
following equatiort 


ab, 


p 
JEE +8, (12) 
where E is the normal time variable scattered electric field 


intensity. In the frequency domain (œw is angular frequency), 
(12) can be written as: 


I P 


ee ee | 13 
£ O, + jae, a ( ) 


In addition, the Faraday-Maxwell law defines the scattered 

electric field £, at any point by: | 
p 

E, =-jad-VV (14) 


where A is the vector magnetic potential caused by the leakage 
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current and V is the scalar electric potential caused by the 
leakage currents. In (14), the magnetic vector potential, A, can 
be substituted by: 


H 

A= HeJalY) (1 5) 
where J,(v) is the volume density of leakage current as 
defined by Eq. I.1. By using (13), (14) and (15), the voltage at 


any point, with the distance r, (in the air or earth) can be 
expressed as the following (refer to Appendix I): 


V(r, o=- 


dx O, T ee) 


+ jape) [IAAIG(r) dd 
Ay 


where G (r) is the Green function for half-space conducting 
medium that is described later. 


3) Computation of [Z] matrix 


The elements of [Z] matrix are calculated through 
computing the following relation: 


atone | 
e a 


fac Jac G(r, JdàdL 


(17) 


For the diagonal elements or d self-impedances, rą equals to 
the radius of the conductor. , 


4) Computation of [v, ] matrix 


According to (16) and assuming constant leakage current 
density, the induced voltage V,, at any point on the surface of 


iX 
A 


the ith segment is computed by: 


Valo jo)= i 


dr \ o, + joe 


+ jane x1, 0a) (18) 


where r; is the distance of i-th segment from the current source 
and I; (jæ) is the source current popreseniiaion in frequency 
domain. 


5) The modified method for G (r) computation 

As is mentioned, analysis of grounding system in high 
frequency domain by electromagnetic field theory, in 
proximity of the interface of two medium, is concerned with 
calculation of S.Is. Since the analytical solution of these 
infinite integrals is very rigorous and rather time-consuming, 
much attention has been focused to develop numerical and 
approximate solutions for them. In this section, a rapid and 
simple formula for the computation of this Green function with 
existence of air/earth interface is developed. 


The proposed formula is based on a modification on the 
relations presented in [27], which are given in Appendix II. 
According to Fig II.1, since the grounding electrode is buried 
into the earth, the source and its image positions arc 


interchanged as shown in Fig. 4. 
Z 
Image ko = oA £90 
1 à Ainmedium# 1 








ke =a leti- ~) He 


Earth(medium#2) 
R T erGg 2) 


Fig.4. Vertical dipole above the ground 


In this case, the Green function in accordance to the image 
theory is introduced: 








k, R ke R 

ch -+ a, (19) 
l R} 

where: 

R, = yr? +(2- HY Ry =r? +(24 HY (20) 


In addition, the correction term due to existence of air/earth 
medium interface, 4G, is computed through the S.I as 
following [31]: 


— fq, (2+) Ada 
serpent) 


4G, = f- (21) 
ghd VA’ - a # -k 


Instead of solving this integral, which its integrand contains 
Bessel function and has some singular points, the modified 
reflection coefficient, given in (22), is proposed that considers 
the effect of the air/earth interface, as well. The proposed 
coefficient is found through converting (n) to (//n) in (11.2), 
because the source is put in the earth medium. Then for 
extracting (19) from (II.1), 4G, is presented as: 


aod Tie? — sin’? 0 


gk R} 





BG, (22) 
(1/ n? )cos6+41/n" —sin?9 2 
where 
k, JE je. JR? -(2H/ 
n=- = [e tanb = (23) 
ko Ep @Ep 2H 
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IT], COMPARISON BETWEEN THE RESULTS WITH OTHER 
METHODS 


To evaluate the results achieved by the proposed method in 
this paper, it is compared with two approximate models [15] 
and [24]. 

It is assumed that a horizontal electrode, with length L=/m, 
radius r=S5mm, has been buried in the depth H=/m, where 
o,=0.01 or 0.00Is/m, c, =885x10 7 and yy =daxig’. In 
addition, a double exponential current pulse source that equals 
tol, = 1.1043x| pie IG i itt), is injected to 


the left end of this electrode. 

The frequency variations of the input impedance for the 
mentioned horizontal grounding electrode are shown in Figs. 5 
and 6, which represents the comparison among the results of 
the proposed method and the mentioned references. As is 
shown, in lower frequencies (less than 13MHz) the results 
obtained with the methodology presented in this paper are in 
agreement with the others. But the results have a considerable 
differences in upper frequencies. These differences are due to 
that in the presented method, the modified coefficient has been 
found directly from the full set of Maxwell's equations. 

Also, by applying the proposed formula, the input 
impedance spectrum of grounding electrode with various earth 
conductivity is shown in Fig. 7. It can be seen that in low 
frequencies the magnitude of input impedance decreases with 


the increase of o,, while in higher frequencies no such 
relation exists. 


IV. CONCLUSION 


In this paper, a novel, accurate and simple approach based 

on EMF theory to analyze the high frequency behavior of the 
grounding system, is presented. This numerical procedure 
computes the leakage currents injected in the earth by each 
segments of grounding electrode with the method of moments 
(MOM). 
' The proposed modified formula for computing Green function 
is a closed-form formula that is substituted for the rigorous 
solutions of S.Is in order to consider the influence of half- 
space configuration (air/earth), and is valid for a wide range of 
frequency and parameters. 

Finally, the frequency spectrum of input impedance for the 
grounding electrode is obtained and compared with some of 
the published approximation procedures, where shows the 
agreement in low frequencies and the deficiencies through 
those procedures in high frequencies. 





0 6 10 19 20 25 D 34 a) 





Fig, 7. Input impedance of grounding electrode with various earth 
conductivity 


APPENDIX I 
With assuming that the point source drains the leakage 


current, J, into soil, the volume leakage current density, J , Is 


computed with image theory by: 
~ l i- 1 = 
J = —| — r tr" I] 
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where r, r’ are distance between point source and its image 
from observation point: 

The scattered field is obtained by using (1.1) and (13) as the 
following: 


E, (r, jo)= (1.2) 


I - - l r) 
et hoe 
4n(O,+ JOE,)\r r! 


Also, according to (15) for a point source, the vector 
potential in any point can be calculated by: 


(i457) 
or ae 


Then, the induced voltage m any observation point, P, at 
space is calculated by (14) as the following relation: 





A(r) = He! (1.3) 
47 


VV =-(E, + j@A) (1.4) 
Therefore, for a point source can be written: 
Vp(r,jo)= [E,(r, jo)+ jo | A(r dr = 
r r (1.5) 


I l I | ie r) 
ya | enero L E kai 
dn \ O, tjoe, r r 


As is shown in Fig. (1.1), whereas a linear grounding 
conductor contains a numerous of above point source (k), by 
superposing law and image theory, the induced voltage in P is 
obtained by: 


Image — n= 60029 FOS =SGw 
Sy Po 
Air N 
am a a a n n S — ae 3 fm 
“i Interfi 
Earth ip 4 P ins 
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_— 
Source 





Fig I.1. A linear grounding conductor 


I Eo, eTo L, 
Vp (r, j@)=——| ———— + Jou, —— +] (1.6) 
n| 0, + JOE, TP Pp 


Assuming that the leakage current into soil is equal on the 
surface of a conductor segment with length of L, and also any 
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point source is a segment with length of Ax , so: 


i, JI 

i 
sa J I, 
a& L `> ve 

Then Eq. (1.6) can be substituted by: 

I l ; 
Vp(r, jo) efin) 
dan |O, + JOE, 
(1.8) 


L 
f» N eLA dx 
o (DP Tp 
In high frequency analysis, the (1.8) relation can be replaced 
by: 


I l 
Ptr josi 


F rga, ene | fe mee ner 


where G(r) is the Green function. 


APPENDIX I] 


As shown in Fig.II.1, the [27] proposed the Green function 
computation when a vertical dipole is located over the lossy 
half-space as the following: 











ý e` R, $ g` JkoRs (1.1) 
r)= + i 
(r) R R(9) R, 
where the reflection coefficient is obtained by: 
2 ee oe ee ae 
R(9)= n cos @ n sin 9 (11.2) 
n? cosO +n" ~ sin’ @ 
while: 
n= ke mo € a IG, (11.3) 
ko Ey Weg 
and 
Jr? -2HY 
tan0 „yR 0H) (11.4) 
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Fig.II.1. Vertical dipole above the ground 
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Abstract— Power System stability deals with stable operation of a 
power system during various operating conditions. Power system 
security involves practices suitably designed to keep the system in 
operation when a line or a generator or any other equipment in 
the system fails. Contingency analysis being a major component 
of the security function in power system, there are standardized 
parameters to check system security. In this paper an offline 
method is presented for security assessment with load flow 
\analysis to obtain the security indicators for power lines of a 
multi bus power network. Generator loss as well as line trip has 
been.simulated and multiple separate contingencies have been 
investigated in order to check the security of the assumed 
systems. Static security analysis has been conducted using two 
very popular security indicators e.g. the line outage factor (LOF) 
and voltage security factor (VSF). It has been observed that in 
any multi bus power system it is possible to check these two 
indicators following any contingency and subsequently it is 
possible to rank the lines accordingly as per their security level. 


Key words— Contingency, Line outage factor, Security 
analysis, Stability, Voltage security factor. 


I. INTRODUCTION 


TABILITY is an important constraint in power system 

operation. Most system stability problems occur in 
response to large disturbances under heavy load conditions 
[1]. One of the major problems associated with such a stressed 
system is system blackout or system collapse. There are many 
incidents of system blackout, reported [2]. The term system 
security means the ability of a system not only to operate 
stably but also to remain stable following credible 
contingencies or adverse system changes [2]. If the system is 
unstable, the system must be insecure [3]. 
Analysis of the security of power system deals with quasi- 
static approach and in present day technology this is the only 
practical approach and computationally feasible. 
An important part of security study ts that a particular system 
state is said to be secure only with reference to one or more 
specific contingencies cases, and a given set of quantities 


NN 


monitored for violation. Most power systems are operated in 
such a way that any single contingency will not leave other 
components heavily over loaded, so that cascading failures are 
avoided [4]. In scientific literatures, there is strong evidence of 
investigation of power system security since 80's of the last 
century [5-19]. Most of these research publications are related 
with direct investigation in to the security aspect of the power 
system. In some of these publications attempts have been 
made secured indicators. 


I. LOAD-FLOW PROBLEM 


Load-flow solutions are basic tools in most kind of power 
system analysis studies. In order to ensure the convergence 
and simplify computation, all buses are classified as PV bus, 
PQ bus and Slack bus. Load flow techniques provide basic 
calculation procedure in order to determine the characteristics 
of power system under steady state operating mode. The 
effects of uncertainties on the steady-state behavior of power 
systems can be evaluated by a stochastic or probabilistic load 
flow (PLF) analysis. Load-flow is an essential tool for the 
study of radial distribution systems (RDS). The inputs to load- 
flow solutions are subject to uncertainties due to load and line 
parameter variations. Usually these techniques are off-line and 
involve computers for solving steady state load flow equations 
(SLFE). For SLFE solution, all the state and control vartables 
must lie within specified practical limits, which are dictated by 
specifications’ of power system hardware and operating 
constraints [19]. 

The load-flow problem 1s formulated assuming the power 
system network to be linear, bilateral and balanced and having 
lumped parameters. However, the power and voltage 
constraints impose non-linearity in the load-flow formulation 
and this invites the help of iterative techniques for solution. 
Load- flow solution techniques solve a set of simultaneous 
non linear algebraic equations involving trigonometric 
functions. There are two unknown variables at each node in a 
system. The iteration cycle is terminated when the bus 
voltages and angles are such that the specified condition of 
load and generation are satisfied. Load-flow calculations 
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usually cmploy iterative techniques such as Gauss-Seidel, 
Newton-Raphson and Fast-Decoupled Load Flow (FDLF) 
methods [20]. 


W. SECURITY ANALYSIS AND CONTINGENCY 
EVALUATION 


Under normal operating conditions a power system may 
face the contingencies of: 1. Loss of generating unit, 2. 
Sudden loss of a load, 3. Sudden change in flow in an inter- 
tie, 4. Outage of a transmission line, 5. Outage of a 
transformer, 6. Outage of a shunt capacitor or reactor, and 7. 
Single phase or three-phase fault. The outage may be either 
network outage or power outage. Contingency would reduce 
the security level. The contingencies in the distribution or sub- 
transmission levels may also lead the system to another state 
with lesser security. A system operator has to analyse the 
effect of such highly probable contingencies so that the 
operator may take corrective action in the event of their 
occurrence, The security assessment and its enhancement form 
an important part of planning and operation of power systems 
that are continuously expanding. Complete system security 
involves system prediction, system contingency evaluation, 
system corrective strategy and automatic control. 


IV. CONTINGENCY SELECTION 


We would like to get some measure as to how much a 
particular outage might affect the power system. The idea of a 
performance index seems to fulfill this need. The definition 
for the overload performance index (PI) is as follows: 


PSs) (Pini P 
all branches 
| 
If n is a large number, the PI will be a small if all flows are 

within limit, and it will be large if one or more lines are 
overloaded. To complete the security analysis, the PI list is 
sorted so that the largest PI appears at the top. The security 
analysis can then start by executing full power flows with the 
case which is at the top of the list, then solve the case which is 
second, and so on down the list. This continues until either a 
fixed number of cases are solved, or until a predetermined 
number of cases are solved which do not have any alarms. 


V. SIMULATION AND RESULT 


An offline study has been done for security analysis as well 
as contingency analysis. Load-flow analysis has becn used to 
obtain the security indicators, Line Outage Factor (LOF) and 
Voltage Security Factor (VSF), for power lines in a multi bus 
power network. The power network, which has been used for 
the analysis, ts shown in appendix. The analysis is done by 
tripping generators and lines. Here generator 3, generator 4, 
line I and line 4 are removed and corresponding LOF and 
VSF are recorded to check the security of the lines. Results are 


shown accordingly in table-I, table-II and table-I1. 


n. 4 remove 





The order of security level of different lines while active 
power is concerned for the removal of Generator 3 is given by 
L8 < LI < L43 <L44<L5 < L4 < L3 < L6 < L2 < L7. Here 
Line 8 is least secure and Line7 is most secure. The security 
level of Linel ts slightly better than Line8. Here Line 8 is 
most contingent and Line 7 is least contingent. The rank of 
line 8 is at the bottom position and Line 7 at the top. 

The order of security level of different lines while active 
power is concerned for the removal of Generator 4 is given by 
L4 < L2, L5, L44, L8 < L3< L6 < LI <143 < L7. Here Line 4 
is least secure. But the security level according to recorded 
data of Line 2, Line 5, Line 8 and Line 44 are same. Moreover 
Line 7 is most secure. Here Line 7 is least contingent. The 
rank of Line 7 is at the top level. 

The effect of removal of generator 3 is most severe for linc 
8 than the removal of generator 4. But line 2 is much more 
secure for the removal of generator 3 than the removal of 
generator 4. The security level of line 7 remains same 
irrespective of the removal of generator 3 and generator 4. 

Security level when reactive power is considered for the 
removal of Generator 3 is given by 

LS < L8 < L44 < 143 < L4 < L6 < L7 < L3< LI < 
L2. Here line 5 is least secure and line 2 is most secure. 

Security level when reactive power is considered for the 
removal of Generator 4 is given by 

LS < L44, L43, LB < L4 < L6 < L2 < L7 < L3 <LI. 

Here also the security level of line 8, line 43 & line 44 are 

same. So line 5 is least secure and line 1 is most secure. 
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While active power is considered, the order of security level 
of the remaining lines after the removal of line | is, 

L7 < L6 < L2 < L3 < L43 < L44 < L5 < ILA < L8. 

When reactive power is concerned, the order of security 
level is, 

L3 < L4 < L6 < L44 < 143 < L8 < L5 < L7 < L2. 

Line 8 is most secure and Line 7 is least secure when active 
power is considered. Line 2 1s most secure and Line 3 is least 
secure when reactive power is considered. While active power 
is concerned Line 8 is least contingent and Line 7 is most 
contingent. Line 2 is least contingent and Line 3 is most 
contingent when reactive power is considered. 

While line 4 is removed, the order of security level of active 
power and reactive power flows are, 

L2 < L3 < L7 < L6 < LI < LM < 143 < L5 < L8 
~-=- for active powcr. 

L8 < L5 < L6 < 143 < L44 < L2 < LI < £13 < L7 
~—---—--------—- for reactive power. 

Line 5 is most secure and Line 2 is least secure when active 
power is considered. Line 7 is most secure and Line 8 is least 
secure when active power is considered. Line 5 is least 
contingent and Line 2 is most contingent when active power is 
considered. Line 7 is least contingent and Line 8 is most 
contingent when reactive power is considered. Again the 
security level of line 2 is poor for the removal of line land line 
4 while active power is concerned. 

While considering the reactive power, the security level of 
line 7 is good for the removal of any one of the lines. Line 8 is 
most secure for the removal of line | & 4 while active power 
is concerned. The security level of line 6 is deteriorating for 
the removal of line | and line 4 respectively while active 
power flow is concerned. 
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The order of voltage security level of the buses, when 
generator 3 is removed, is as follows — 

Bus3 < Bus2 < Bus6 < Bus5 < Bus7, Bus10, Busi | < Bus4 
< Bus1, Bus12. Here Bus 3 is the least secure. 

If case I and case IJ are compared then it can be concluded 
that Bus 3 is comparatively less voltage secure for the removal 
of generator 3 than the removal of generator 4 but it becomes 
more contingent for the removal of generator 3. 

The orders of voltage security level of the buses, when 
gencrator 5 is removed, are as follows — 

Bus12 < Bus10 < Bus7, Bus!1 < Bus5 < Bus6 < Bus4 < 
Bus!, Bus3 < Bus2. Here Bus 12 is less secure than the 
others. 

The orders of voltage security level of the buses, when line 
I is removed, are as follows — 

Bus2 < Bus7, Busl! < Bus6 < BusS <Bus!0 < Bus4 < 
Bus}, Bus3, Bus12. 

Here Bus 2 is less voltage secure than the other buses & 
Bus 1, Bus 3 & Bus 12 are most voltage securing. 

The order of voltage security level of the buses, when line 4 
is removed, is as follows — 

Bus4 < Busi, Bus3, Bus!2 < Bus? < Bus6 < Bus7, Busi i < 
Bus10 < Bus5 

Bus 4 is least voltage secure & Bus 5 is most voltage 
secure, 

If case IV and case V are compared then it can be 
concluded that Bus 2 is comparatively less voltage secure for 
the removal of line I than the removal of line 4 but it becomes 
more contingent for the removal of line]. 


VI. CONCLUSION 


The objectives of system stability are to monitor and 
ultimately contro! the stability during power system operation. 
Continuity of service in case of contingency affecting the 
system can only be guaranteed if certain conditions are 
fulfilled in terms of system structure on the one hand and in 
terms of organizations of the system on the other. In this paper 
we have presented an offline simulation study for security 
analysis of a multi bus power network. Power system stability 
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as well as security analysis can be precisely and automatically 
estimated. Security and contingency analysis can be done by 
finding LOF and VSF, the two commonly used stability 
indicators. The LOF and VSF can be found for each and every 
line. The results of this type of analysis allow systems to be 
operated defensively, So in any power system when instability 
occurs for the failure of generators or lines or any other 
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cquipment, immediate action can be taken by analyzing 
system security. 


i APPENDIX 


The power network used by us for the preparation of this 
paper is given below in Fig. 1. ' 
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Absiract— In this paper, a UPQC (Unified Power Quality 
Conditioner) with cascaded Multilevel inverters with separated 
DC source is proposed. In addition, voltage sag, unbalance and 
load power factor in distribution system is mitigated using 
proposed multilevel UPQC. This method has some privilege in the 
elimination of transformer and filter. SPWM (Sinusoidal Natural 
Pulse Width Modulation) scheme is used for pulse generating to 
control multilevel inverters, 

The results showed the effectiveness of the proposed method. 


Key words--Custom Power, UPQC, Cascade Maultilevel 
Inverter, Voltage sag, Unbalance, Distibution Grid 


I. INTRODUCTION 


NCREASINGLY development of nonlinear loads is 

deteriorating power quality in distribution systems, causing 

disturbance in operation of many sensitive loads which, all 
are very sensitive to the voltage sag, the 85% to 90% voltage 
sag which last 16ms may lead to the equipments to shut down. 
Nowadays, m the occident, the concern about voltage sag is far 
more than that of other power quality problems. Custom power 
devices, such as DVR (dynamic Voltage Restorer), 
DSTATCOM (Distribution Static Compensator), and UPQC 
(Unified Power Quality Conditioner) have been introduced in 
recent years for power quality improvement in electricity 
distribution. 

Advances in manufacturing of power semiconductor devices 
have led to better characteristics such as higher voltage and 
current ratings as well as increased switching frequency. 
Besides, implementation of multilevel inverters has made high 
power and high voltage power quality conditioners much 
feasible. So far, multilevel inverters have been used for 
DSTATCOM and DYR as reported in some publications in 
recent years, but the report about the research and design of 


cascade multilevel transformer-less topological UPQC project 
has not been seen on publication yet. The application of a 
multibridge converter for STATCOM was first proposed in [1] 
and [2], and the application of a multibridge converter for 
static synchronous series compensator (SSSC) and unified 
power-flow controller (UPFC) were described in [3}-[4]. 
Recently, a dynamic voltage restorer (DVR) with three H- 
bridge modules was proposed in [S]-[6]. 

In this paper, A UPQC employing cascaded H-bridge multi- 
level inverter is studied as a means to compensate voltage sag 
and unbalance and the simulation results are compared with 
those of a conventional UPQC. In order to minimize THD, 
phase shifted multi-carrier based strategy (SPWM) [7] is used 
to control the multi-level inverter. It is shown that by cascading 
a few number of H-bridge inverters, UPQC can be directly 
connected to the distribution grid without any step-down and a 
series injection transformer. The results show that using a 
multilevel UPQC provides a satisfactory performance in 
compensating voltage sag and unbalance with minimized THD, 
unity power factor and lower switching frequency, therefore 
lower switching losses in the main switches. 

The operation of the proposed UPQC was verified 
through simulations with MATLAB/Simulink 


II. MULTILEVEL INVERTER TOPOLOGIES 


It is generally accepted that the performance of an inverter, 
with any switching strategies, can be related to the harmonic 
contents of its output voltage. Power electronics researchers 
have always studied many novel control techniques to reduce 
harmonics in such waveforms. Up-to-date, there are many 
techniques, which are applied to inverter topologies. In 
multilevel technology, there are several well-known topologies 
as follows: [7]; 

l. Diode clamped multilevel inverter C(OCMD) [8]. 
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2.  Flying-capacitor multilevel inverter (FCMD [9], 
[10], (11). 

3. Cascaded multilevel inverter with separated DC 
sources [9], [12], [13]. (Fig. 1) 





Fig | Three phase Cascaded multilevel inverte: with separated DC sources 


The last multilevel inverter shown in Fig. 1 has many 
advantages, such as: circuit layout flexibility, there are no extra 
clamping diodes or voltage balancing capacitor, the number of 
output voltage levels can be easily adjusted by adding or 
removing the full-bridge cells, and the least number of 
components in comparison with other inverters [9]. 

Due to the great demand for medium-voltage high-power 
inverters, the cascade inverter has drawn tremendous interest 
ever since. This configuration recently became very popular in 
AC power supply and adjustable specd drive applications. In 
back-to-back inverter applications, however, it is not possible 
to use multi-level inverter using cascaded-inverters with 
separate DC source, because a short circuit will be introduced 
when two back-to-back inverter are not switching 
synchronously. To overcome such a problem, a transformer 
having one primary winding and several secondary windings 
can be used. On the other hand, the structure of separated dc 
sources is well suited for various renewable energy sources 
such as fuel cell, photovoltaic, biomass, etc. This multi-level 
inverter is made of several full-bridge inverters. The AC output 
of each of the different levels of full-bridge inverters are 
connected in series such that the synthesized voltage waveform 
is sum of the inverter outputs. The distance between each level 
is the same, and equal toVy-. 

Each full-bridge inverter product a three level waveform 
+V jes-Vac.0 ; so the number of levels is: =2k+1 
Where k is the number of dc sources However, all of above 
inverters can produce multi-level voltage or current as shown 
in Fig. 3. 


A. Number of levels 


The nominal distribution. line to line voltage is 400 
volts(rms), and the amplitude of the phase voltage will be: 
l 2 
Y phase = xy? 326 6 
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It has been used three levels in the proposed configuration; 
thus the maximum voltage of switches can be nearly 110 volts, 
which is acceptable for common MOSFETs. 


B. Switching Scheme 


A so-called phase-shift sinusoidal pulse width modulation 
(PS_SPWM) switching scheme is proposed to operate the 
switches in the system. The scheme is briefly explained with 
the aid of Figures 2 and 3 obtained by simulation with 
MATLAB. Fig. 2 shows the typical pulse generated by one cell 
for the inverter shown in Fig. | by comparing a sinusoidal 
reference with a triangular carrier signal [14]. 

A number of K~cascaded cells in one phase with their 
carriers shifted by an angle ø, = 360 °/x and using the same 
control voltage produce a load voltage with the smallest 
distortion as shown as in Fig. 4. The effect of this carrier 
phase-shifting technique can be clearly observed in Fig, 3. This 
result has been obtained for the multilevel inverter in a seven- 
level configuration. The smallest distortion is obtained when 
the carriers are shifted by an angle of 9. = 360 ° 73 = 120 ° [9]. 

Fig. 4 is frequency spectrum of multilevel SPWM. it shows 
that, low order harmonics have a negligible amplitude and only 
high order harmonics between 120-150 (6000 Hz,7500 Hz) 
and 250-280 (7500 Hz, 14000 Hz) have rather significant 
amplitude, therefore in the applications which these harmonics 
have not any important effect, the filter could be eliminated. 





) 
Fig. 2. Comparing carrier and reference voltages 
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Fig. 4 Frequency spectrum of Multilevel SPWM 


400 


I. MULTILEVEL UPQC 


The unified power-quality conditioner (UPQC) has been 
widely studied by many researchers as an ultimate device to 
improve power quality. Several configurations were proposcd 
for UPQC such as Fig. 5. This UPQC has two converters that 
share one dc-link capacitor. It has a bypass function to remove 
the series and shunt converter from service during the 
distribution system or load fault [15]. 





‘Fig. 5. Configuration of a Common UPQC. 


Fig. 6 shows a configuration of the proposed UPQC based on 





several pairs of H-bridge modules for each phase. Each pair 
has two H-bridge modules. The H-bridge module in shunt 
part is connected in series without any transformer, and the H- 
bridge in series part also is directly connected in series and 
inserted in the distribution line. 

Two convertors have been used in the Multilevel UPQC: 1) 
Series Multilevel Inverter 2) Shunt Multilevel Inverter (Fig. 6) 


by Pera eM 


Fig.6. Configuration of proposed Multilevel UPQC (3 phase diagram) 


The presently developed UPQC can operate in much lower 
dc-link voltage than the operation voltage of the distribution 
system. The restriction in dc-link voltage is due to the max- 
imum sustaincd voltage of the switching clement. Series 
connection of the switching element was developed to increase 
the dc-link voltage. However, the maximum allowable number 
of switching clements ts limited. 

A multilevel converter was proposed to increase the converter 
operation voltage, avoiding the series connection of switching 
elements. In high power system, the multilevel inverters can 
appropriately replace the exist system that use traditional 
multi-pulse converters without the need for transformers. All 
three multilevel inverters can be used in reactive power 
compensation without having the voltage unbalance problem 
[9]. 

The proposed UPQC can be directly connected to the 
distribution system without series and shunt injection 
transformer, which struggle with core saturation and voltage 
drop. In order to validate the proposed system, computer 
simulation using the MATLAB Power System Blockset 
package is carried out with the main parameters: 

V; =400, f =50 Hz, fe =1080 Hz. 


A. Series Inverter 


Different main circuit structure will have different 
compensation effectiveness and cost performance. The 
practical topological structure that can be used: Three level 
structure and multilevel structure. Under the circumstances that 
the same fundamental wave is outputted, compared with the 
traditional two level structure, three level structure has the 
advantage of bearing lower switch frequency, device stress, 
switching losses, and producing less harmonics. 

The shoricoming ts that, in practical application, the device 
should still stand large voltage stress, and parameter choice 
room of the device is relatively small. 

It makes the control become very complicated to deal with 
the unbalance of capacity voltage and the elimination of 
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narrow pulse. Meanwhile, the redundant design and the 
expanding of systematic capacity are difficult. For the cascade 
multilevel structure, the more levels it has the less harmonics it 
produces, and less loss it generates. 

Series compensator on the basis of the topology of multilevel 
has much comprehensive superiority than other topology in 
systematic reliability, device type choosing, controlling 
complexity, and total ef ficiency. 





Fig. 7. The main circuit topology of cascade mululevel senes inverte 


Fig. 7 shows the main circuit topology of cascade multilevel 
serics inverter (single line diagram).The multibridge converter 
composed of three H-bridge modules for each phase, was 
proposed to increase the converter operation voltage 

In the figure, each cascaded H-bridge inverter unit has its own 


“mutually independent DC source (V =108volt). Within one 


work period, the serics converter, formed by several H-bridge 
inverters that connected in series, outputs voltage waveform of 
2k+1 levels. Because of adoption of cascade structure, the 
series converter has novel charge modes and need not add 
charging circuit, also the series injecting transformer. The 
topology makes it helpful to save the cost, reduce the space 
occupation and improve systematic reliability, meanwhile, the 
cascade modules makes it feasible to improve the equivalent 
switch frequency of the device greatly, simplify filter design 
and reduce losses without improving switch frequency of the 
device. Besides, the filter could be eliminated in some cases 
that harmonics are acceptable. 

The function of series inverter is to compensate the voltage 
disturbance in the source side, which is due to the fault in the 
distribution line. The control algorithm is made of 2 parts; 
they are voltage sag detection and SPWM control. The 
detection of voltage sag compares system voltage with 
reference voltage and send out sag signal. 

Equation (1) shows the state equation of the series inverter. 


Ve = Kp, Veg —V5) (1) 


Fig. 8 shows the configuration of series inverter control, which 
is based on (2). A PI controller is used in the control algorithm. 





Fig 8 Seates mverter control diagram 


The values of PI controller parameters are determined with 
trial and error. They have an important effect in the response of 
the voltage control. 

Figures 9-10 show the simulation results of voltage control, 
which confirm the fact that the output voltage of each phase is 
compensated without large transient and steady-state errors 


Load Voltage (pu ) 





Load Voltage (pu ) 


004 oo Q 01 


(b) Time(Sac) 


Fig 9. Unbalance compensation(without filter) : 
(a) unbalanced voltages (b) compensated voltages 


O12 O14 


It’s worth to be said that since voltage sag is a special mode of 
unbalanced voltages, the compensation of voltage sag is the 
same as unbalanced voltage compensation. 


run Coa -—y eo 


reer Co-we <Q To ~ 





Fig. 10. Unbalance compensation (without filter), (a) RMS values of 
unbalanced voltages (b) RMS values of compensated voltages 


The effect of using LC filter is shown in Fig. 11. One of 
important advantages of multilevel inverters is reducing 
harmonics; thus the filter could be eliminated in some cases 
that harmonics are less than the standard range and it results in 
decreasing the cost of the system. 
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Fig 11. Unbalance compensation (with filter). 
(a) unbalanced voltages (b) compensated voltages 


A. Shunts Inverter 


The reactive power generated or absorbed is directly ontrolled 
by adjusted ‘* . Likewise, the real power exchange can be 
controlled by adjusted ‘4 . As a result, the reactive power and 
active power can be separately controlled. Then, ‘¢ and l 
are the active current component and reactive current 
component of the shunt compensator: active power flows into 
the shunt compensator when ‘¢ is positive, and flows out when 
‘d ig negative. The shunt compensator generates leading 
reactive power when la ig positive and lagging reactive power 
when ‘cis negative. A feedback decoupling control is 
proposed as shown in Fig. 12 to obtain these performances. A 
PI controller is used for both active and reactive current 
contro! loops. The shunt compensator has been modeled with 
mathematical equations and a source current. Therefore, in the 
block diagram, ‘¢ * is zero. This control method can mitigate 
load power factor as shown as in Fig. 13. 





4 
008 G08 Ot 


0 5.02 0 04 


0 12 


Fig. 13. Power Factor Compensstion 


The Load output phase voltage and current is shown in Fig. 13, 
Obviously, the difference betwcen load voltage and current 
phase angles become zero after about 0.01 Sec. That is to say 
the shunt compensator generates inductance reactive power. 
The three phase simulated system is based on the control 
scheme as Fig.12. 


IV. CONCLUSION 


The problem of voltage sag and unbalance is objective and 
unavoidable, in order to reduce the losses caused by the 
voltage sag, to adopt specific custom-built power electronics 
based installations are great helps. The topology of cascade 
multilevel is the rational choice of UPQC. 

To respond properly, the SPWM switching strategy should be 
used during unbalanced conditions. Separate DC buses have 
been used for each phase of inverter. 

This paper proposes a configuration of UPQC, in which 

each phase consists of 3 pairs of H-bridge modules without any 
transformer. 

The proposed UPQC can be directly connected to the 
distribution system without any injection transformer, which 
struggles with core saturation and voltage drop. 

The effectiveness of the proposed UPQC to copmensating 
unbalanced voltage and power factor was verified through 
simulations with MATLAB/Simulink. 


V. REFERENCES 


[1] H. Fujita and H. Akagi, “The unified power quality conditioner: The 
integration of series and shunt active filters,” IEEE Trans. Power 
Electron., vol. 13, no. 2, pp. 315-322, Mar, 1998. 

[2] F. Peng, J McKeever, and D, Adams, “A power line conditioner using 
cascade multilevel inverters for distribution systems,” IEEE Trans. Ind. 
Appl, vol 34, no. 6, pp. 1293-1298, Nov /Dec. 1998, 

[3] F. Peng and J, Las, “A multilevel voltage-source inverter with separate 
DC source for static var generation,” in Proc. IEEE/IAS Annu, Meeting, 
Orlando, FL, Oct. 8-12, 1995, pp. 2541-2548. 

[4] B. Han, H. Kim, and S Back, “Performance analysis of SSSC based on 
three-level multi-bridge PWM inverter,” Elsevier Scr Elect. Power Syst. 
Rese., vol. 61, no 3, pp. 195-202, Jun. 2002 

[5] B. Li S. Chor, and D. Vilathgamuwa, “Transformeiless dynamic voltage 
restorer,” Proc Inst Elect. Eng., Gen. Transm. Distrib., vol. 140, no. 3, 
pp. 263-273, May 2002. 

[6] B. Han, Senior Member, IEEE, B. Bae, Student Member, IEEE, S. Baek, 
and G. Jang, Member, IEEE.” New Configuration of UPQC fo 
Medium-Voltage Application” IEEE TRANSACTIONS ON POWER 
DELIVERY 2005 

[7] Jason Lai, Chair Dusan Borojevic Alex Q. Huang, “OPTIMIZED 
HARMONIC STEPPED-WAVEFORM FOR MULTILEVEL 
INVERTER”, Msc thesis, 1999 

[8] A. Nabae, I. Takahasht, and h. Akagi, “A new neutral-point clamped 
PWM inverter,” IEEE Trans. Ind. Applicat., vol IA-17, PP 518-523, 
Sep /Oct. 1981 

[9] Jose Rodriguez; Jih-Sheng Lai; Fang Zheng Peng; “Multilevel Inverters. 
A Survey of Topologies, Controls, and Applications" IEEE Transactions 
on Industrials Electronics, Vol. 49, No.4, August 2002 

[10] T. A. Meynaid and H Foch, “Multi-level choppers for high voltage 
applications,” Eur Power Electron. Diives J., vol 2, no Lp. 41, 
Mar.1992. 

fil] C Hochgraf, R. Lasseter, D. Divan, and T A. Lipo, “ Compaisai of 
multilevel inverters for static var compensation, “in conf. Rec. IEEE-IAS 
Annu. Meeting, Oct. 1994, pp. 921-928 


614 


Proceeding of International Conference MS’07, India, December 3-5, 2007 


[12] P. Hammond, “A new appioach to enhance power quality for medium 
voltage ac diives,” IEEE Trans Ind. Applicant, vol. 33, pp. 202-208, 

: Jan /Feb. 1997, 

[13] R. H Baker and L H. Bannister, “Elecuic power converter.” U. S. 
Patent 3867643, Feb. 1975 

[14] Xianglian Xu, Yunping Zou, Kai Ding, and Fer Liu” Cascade multilevel 
inverter with Phase-Shift SPWM and its application in STATCOM 

[i5] Han, B.; Bae, B.. Kim, H.; Baek, S.. “Combined operation of unified 
power-quality conditione with distributed gencration” Power Delivery, 
IEEE Transactions on Volume 21, Issue 1, Jan. 2006 Page(s): 330 - 338 


615 


Proceeding of International Conference MS’07, India, December 3-5, 2007 


Electromagnetic Field Effect on Metallic 
Particle Contamination in a Common Enclosure 
Gas Insulated Bus duct 


G.V.Nagesh Kumar’, J.Amarnath’, B.P.Singh” and K.D.Srivatsava’ 


| Vignan’s Institute of Information Technology, Andhra Pradesh, INDIA e-mail: gundavarapu_kumar@ yahoo.com 
? Jawahalal Nehru Technological University, Hyderabad, INDIA e-mail: amarnathjika@ yahoo.com 
3 BHEL Corporate (R & D), Vikas Nagar, Hyderabad, India 
* University of British Colombia, Vancouver, B.C, Canada 


Abstracte The superior dielectric properties of Sulphur 
Hexafluoride (SF6) have long been recognized. Due to the high 
reliability of the equipment, Gas Insulated Substation can be used 
for longer time without any periodical inspections. Conducting 
contamination could, however, be seriously reduce the diclectric 
strength of a gas insulated system. These particles can either be 
free to move in the Gas Insulated Bus (GIB) or they may stick 
either to an energized clectrode or to an insulated surface. If a 
metallic particle crosses the gap and comes into contact with the 
inner electrode or if a metallic particle adheres to the inner 
conductor, the particle will act as a protrusion on the surface of 
the electrode. Consequently, voltage required for breakdown of 
the GIS may be significantly decreased. The distance traveled by 
the particle using appropriate equation, is found to be in good 
apreement with the published work for a given set of parameters. 
The purpose of this paper is to develop techniques, which will 
formulate the basic equations that will govern the movement of 
metallic particles like alummum and copper In a bus duct. The 
simulation also considers the electromagnetic ficld effect on 
particle movement and the results have been presented and 
analyzed. 


Key words-—- Metallic particles, Electromagnetic analysis, Gas 
Insulated Substations. 


J, INTRODUCTION 


AS insulated sub-station systems offer a compact, cost- 

effective, reliable and maintenance-free alternative to the 
conventional air insulated sub-station systems. Their compact 
size offers a practical solution to vertically upgrade the 
existing sub-station and to meet the ever-increasing power 
demand in developing countries. Metal-enclosed SF, insulated 
switchgear (GIS) has already a long service experience since it 
was firstly introduced into the market 1968 with SF, also as 
arc quenching medium as an interesting and economical 
alternative to conventional air insulated substations. The use of 
SF, within the power energy supply is mainly driven by the gas 
-insulated switchgear. The state of the art shows single phase 
and three phase encapsulated designs. For the distribution 


voltage level mainly three phase enclosures are used. For 
higher voltage levels single-phase encapsulation is a standard. 
In the last years the development of SF, insulated switchgear 
was mainly driven by the aim to reduce the use of material and 
costs by still extremely high reliability. 

In a Gas Insulated Bus duct (GIB), all live parts are 
enclosed in compressed Sulphur Hexafluoride gas chambers, 
which are divided into a number of compartments or bays 
according to the layout or configuration of its several 
components. Basic components of the GIS bay are circuit 
breakers, disconnectors, Earthing switches, bus ducts, current 
and voltage transformers, etc. The inner live parts of GIS are 
supported by insulators called spacers, which are made of 
alumina filled epoxy material. The GIS enclosure forms an 
electrically integrated. grounded enclosure for the entire 
substation. Even though SF, exhibits very high dielectric 
strength, the withstand voltage of SF, within the GIS is 
drastically reduced due to the presence of particles or defects 
like: 

1, Free particles on the inner surface of the enclosure, 

2. Protrusion on the high voltage (HV) bus, 

3. Protrusion on the inner surface of the enclosure and 

4, Narrow gaps between the spacer and the electrode due to 
imperfect casting and or imperfect mechanical strength, which 
may lead to high electrical stress and thus micro discharges. 


Free conducting particles are most dangerous to GIS. These 
free conducting particles may have any shape or size, may be 
spherical or filamentary (wire like) or in the form of fine dust. 
Particles may be free to move or may be fixed on to the 
surfaces. They may be of conducting material or of insulating 
material. Particles of insulating materials are not so harmful as 
they have little effect on the insulating properties of gases. So 
wire like particles made of conducting material is more 
harmful and their effects are more pronounced at higher gas 
pressures. The origin of these particles may be from the 
manufacturing process, from mechanical vibrations or from 
moving parts of the system like breakers or disconnectors etc. 
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Several authors conducted experiments on insulating 
particles [1-3]. However the presence of atmospheric dust 
containing conducting particles, especially on the cathode, 
reduces the breakdown voltage. Conducting particles placed in 
a uniform ac field lift-off at a certain voltage. As the voltage is 
raised, the particles assume a bouncing state reaching a height 
determined by the applied voltage. With a further increase in 
voltage, the bounce height and the corona current increase 
until break down occurs. The lift off voltage is independent of 
the pressure of gas. After the onset of bouncing, the offset 
voltage is approximately 30% lower than the lift-off voltage. 


Some of the methods of conducting particle control and de- 
activation are: 
e Electrostatic trapping 
e Use of adhesive coatings to immobilize the particles 
e Discharging of conducting particles through radiation, and 
e Coating conducting particles with insulating films 


The work reported in this paper deals with the movement of 
metallic particle in 3-phase common enclosure Gas Insulated 
busduct in a common enclosure. In order to determine the axial 
and radial movement in an enclosure, Monte-Carlo technique 
has been adopted in conjuction with motion equation. The 
simulation also considers the particle movement in 3-phase 
common enclosure GIB with Electromagnetic field effect. 
Electromagnetic field is considered as the current in the 
conductor is time varying. The specific work reported deals 
with the charge acquired by the particle due to macroscopic 
field at the tip of the particle, the force exerted by the field i.e., 
both electric and magnetic field on the particle, drag due to 
viscosity of the gas and random behavior during the 
movement. Wire like particles of aluminum and copper of a 
fixed geometry in a 3-phase bus duct have been considered. 
The movement pattern for higher voltages class has been also 
obtained [4-5]. In Monte-Carlo technique it has been assumed 
that at every time step the particle can have a maximum 
movement 1° to 4° from vertical. 


I. MODELING TECHNIQUE 


A typical horizontal three-phase bus duct shown in Figure | 
has been considered for the analysis. 


A,B,C 
are the 
conductors 





Fig. 1 A typical 3-phase common enclosure Gas insulated bus duct. 


Understanding the dynamics of a metallic particle in a 
coaxial electrode system is of vital importance for determining 
the effect of metallic contamination in a Gas Insulated System. 


If the motion pattern of a metallic particle is known, the 
probability of particle crossing a coaxial gap and causing a 
flashover can be estimated. The lift-off field for a particle on 
the surface of an electrode can be estimated by solving the 
motion equation, 


A conducting particle in motion in an external 
electromagnetic field will be subjected to a collective 
influence of several forces. The forces may be divided into: 

- Lorentz force (Fir) 


- Gravitational force (mg) 
- Drag force (Fa) 


The motion equation is given by 


md? y 
dt? 
where m = mass of the particle 
y = displacement in vertical direction 


Fır = Lorentz force (Electric and Magnetic Field) 
g = gravitational constant 





=F, -mg-Fy (1) 


Figure | shows a horizontal three phase bus duct comprising 
of inner conductors spaced equilaterally in a metal enclosure. 
The enclosure is filled with SFe gas at a high pressure (0.3 
MPa). A particle is assumed to be at rest at the enclosure 
surface, just beneath the bus bar 2, until a voltage sufficient 
enough to lift the particle and move in the field is applied. 

After acquiring an appropriate charge in the field, the 
particle lifts and begins to move in the direction of field having 
overcome the forces due to its own weight and drag. The 
simulation considers several parameters e.g. the macroscopic 
field at the surface of the particle, its weight, Reynold’s 
number, coefficient of restitution on its impact to both 
enclosures and viscosity of the gas. During return flight, a new 
charge on the particle is assigned based on the instantaneous 
electric field. 


The direction of drag force is always opposed to the 
direction of motion. The expression for drag Force and 
Lorentz force given in equation (2) and equation (3). 


F, = ym 6uK, (y) + 2.656 uo, y| 0s (2) 


where 
y is the velocity of the particle 
His the viscosity of the fluid 
r is the particle radius 
P g is the gas density 
l is the particle length 
Ka ( y ) is the drag coefficient 
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The Lorentz Force is given by 
(3) 


Vin Sin Ot $j pil 
to) © 2alr - yct)] 
I; 


I 


mAN Teol Elto) 
21 
m k-yo 


The above forces are substituted in equation (1) and it 
becomes a second order non — linear differential equation. To 
solve the motion equation Runge-Kutta 4” order method is 
adopted. 


TU. SIMULATION OF PARTICLE MOTION 


The study of the motion of moving metallic particles in GIS 
requires a good knowledge of the charge of the particle. 
Computer simulations of the motion of metallic wire particles 
were carried out on GIB of 64 mm inner diameter for each 
enclosure and 500 mm outer diameter with 400 kV applied to 
inner conductors with 120° phase difference. Aluminum and 
copper wire like particles were considered to be present on 
enclosure surface. 


In order to determine the random behavior of moving 
particles, the calculation of movement in axial and radial 
directions was carried at every time step using rectangular 
random numbers. The above simulation yields the particle 
movement in the radial direction only. However, the 
configuration at the tip of the particle is generally not 
sufficiently smooth enough to enable the movement 
unidirectional. This decides the movement of particle in axial 
direction. The randomness of movement can be adequately 
simulated by Monte-Carlo method. In order to determine the 
randomness, it is assumed that the particle emanates from its 
original site at any angle less than 6, where d/2 is half of the 
solid angle subtended with the vertical axis. At every step of 
movement, a new rectangular random number is generated 
between 0 and | and modified to 6. The angle thus assigned, 
fixes the position of particle at the end of every time step, and 
in turn determines the axial and radial positions. The position 
in the next step is computed on the basis of equation of motion 
with new random angles as described above. 


IV. RESULTS AND DISCUSSION 


Table | and Table 2 show the radial and axial movement of the 
particle with and without magnetic field effect. The results 
have been presented by using Monte-Carlo Technique also 
shown in Table 1 and Table 2. Figure 2 to Figure 17 show the 
movement patterns of copper and aluminum particles with and 
without magnetic field for a applied voltages of 300 KV and 
400KV rms respectively. The radius of the particles in all 
cases is considered as 0.1! mm and length of the particle as 
10mm. 


During its movement it makes several impacts with the 
enclosure. The highest displacement in radial direction during 
its upward journey is simulated to be 65mm for 400 KV GIS. 
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As the applied voltage increases the maximum radial 
movement also increases as given in Table 1. However, it is 
noticed that even up to a voltage of 100k¥V, the particle could 
not bridge the gap. 


Further calculations may reveal the limiting voltage to 
enable the particle to reach the high voltage conductor. A 
graphical representation of radial movement in relation to axial 
movement is given by Monte-Carlo technique as shown in 
Figure 3. The movement of copper particle was determined for 
400kV with similar parameters as above and found to have a 
maximum movement of 18mm in radial direction as shown in 
Fig. 4. The movements are also calculated for other voltages. 


The movement of copper particle is also given in Table 1. It is 
noticed that the movement of copper paiticle is far less than 
aluminum particle of identical size. This is expected due to 
higher density of copper particle. The axial and radial 
movement of aluminum and copper particles are calculated 
using Monte-Carlo technique for two voltages i.e. 300kv and 
400kv with a solid angle of 1°. 


It is significant to note that for all the cases considered, 
there is no change in maximum radial movement, even when 
Monte-Carlo method is applied. A relatively high value of 
axial movement is achieved with the random angle of 1°. As 
expected the axial movement of copper particle is lower than 
the aluminum. The movement of aluminum and copper 
particles with Electromagnetic Field is shown in Figures 10 to 
Figure 17. It has been observed that with the Electromagnetic 
effect a considerable change in the radial movement for all the 
cases. 

Table 1. Axial and Radial Movement of Aluminum and Copper Particles 
a eee 


Diet Monte — Carlo (1°) 
adila 
Voltage Type Movement Radial Axial 
Al 36 36 536 
ORY ee 07 07 116 
Al 65 65 616 
TORN Gi 18 18 312 


Tabie 2, Axial and Radial Movement of Aluminum and Copper Particles 
with Magnetic Field 


Max Monte — Carlo 
Voltage Type RoR Radial = Axial 

(mm) (mm) (mm) 
300 KV a = 4 : ‘i i 4 
40oKy A Y are 
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Fig, 2, Particle movement without Magnetic Field in a 3 - phase 
GIB for 300 KV/ CU/ 10mm / 0. fradius 
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Fig. 3. Axial & Radial movement without Magnetic Field ina 


Fig 9. Axial & Radial movement without Magnetic Freld in a 
3 ~ phase GIB for 300 KV/ CU/ 10mm / 0. Iradius 


3 - phase GIB for 400 KV/ AL/ 10mm / 0. radius 








Fig, 4. Particle movement without Magnetic Field in a 3 - phase Fig. 10. Particle movement with Magnetic Field ın a 3 - phase 
GIB for 400 KV/ CU/ 10mm / 0. tf radius GIB fo: 300 KV/ CU/ 10mm / 0. liadius 
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Fig. 6 Particle movement without Magnetic Field in a 3 - phase Fig. 12, Particle movement with Magnetic Field ın a 3 - phase 
GIB for 300 KV/ AL/ 10mm / 0 liadius 
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Fig 7 Axial & Radial movement without Magnetic Field in a Fig 13. Axial & Radial movement with Magnetic Field in a 
3 - phase GIB for 300 KV/ AL/ 10mm 7 0 Iradius 3 - phase GIB for 400 KV/ CU/ 10mm / 0. I radius 
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Fig 8 Particle movement without Magnetic Field in a 3 - phase Fig. 14, Particle movement with Magnetic Field in a 3 - phase 
GIB for 400 KV/ AL/ 10mm / 0 Iradius GIB for 300 KV/ AL/ 10mm / 0 Iradius 
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Fig 15. Axial & Radial movement with Magnetic Field in a 
3 - phase GIB for 300 KV/ AL/ 10mm / 0. Iradius 





Fig. 16. Particle movement with Magnetic Field in a 3 - phase 
GIB for 400 KV/ AL/ 10mm / 0.1] radius 





Fig 17. Axial & Radial movement with Magnetic Field in a 
3 - phase GIB for 400 KV/ AL/ 10mm / 0. radius 


V. CONCLUSION 


A model has been formulated to simulate the 
movement of wire like particle in 3-phase common enclosure 
GIB on bare electrode. When Lorentz force exceeds the 
gravitational and drag forces the particle lifts from its position. 
A further increase in the applied voltage makes the particle 
move into the inter electrode gap in the direction of applied 
field. This increases the probability of a flashover. The 
influence of increased voltage level on the motion of the 
particles is also investigated. If the calculations, as described 
above, are performed at a higher voltage level, the particle will 
lift higher from the surface and the time between bounces will 
increase. 


The results obtained from the calculations show that 
additional information about the particle could be obtained 
when voltage dependence is introduced in the calculations. For 
instance, ıt can be noted that aluminum particles are more 
influenced by the voltage than copper or silver particles due to 
their lighter mass. This results in the aluminum particle 
acquiring greater charge-to-mass ratio. 


The coefficient of restitution, which denotes the ratio of 
outgoing to incoming velocities, is of vital importance for 
determining the maximum movement of particle. As in the 
case of Lorentz force it is observed that more than 100 KA 
short circuit current there is an increase in the movement. The 
results obtained are presented and analyzed. Monte-carlo 
simulation is also adopted to determine axial as well as radial 
movements of particle in the busduct. Distance traveled in the 


radial direction is found to be same with or without Monte- 
carlo simulation. All the above investigations have been 
carried out for various voltages under power frequency. 


ACKNOWLEDGMENT 


The authors are thankful to management of Vignan’s Institute 
of Information Technology, Visakhapatnam, BHEL Corporate 
(R&D) and JNT University, Hyderabad, for providing 
facilities and to publish this work. 


REFERENCES 


{1} A.H. Cookson, P.C Bolin, H.C. Doepken, R.E. Wootton, C M. Cooke 
and J.G. Trump, “Recent Research in the United States on the Effect of 
Paiticle Contamination Reducing the Breakdown Voltage in 
Compressed Gas Insulated System”, Int Conf. On Large High Voltage 
System; Paris, 1976. 


[2] H.Anis and K.D. Siivastava, “Breakdown Characteristics of Dielectric 
Coated Electrodes in Sulphur Hexafluoide Gas with Particle 
Contamination”, Sixth Intern Sympos High Voltage Engineering, 
Paper No. 32.06, New Orleans, LA, USA 1989. 


[3] M.M. Moros, KD Srivastava, and S.M. Gubanski, “Dynamics of 
Metallic particle contamination im GIS with dielectmc coating 
elecnodes”, IEEE Trans. Power Delivery Vol 15, pp 455-460, 2000. 


[4] J. Amarnath, B. P Singh, C. Radhakrishna and S. Kamakshiah, 
“Determination of particle trajectory m a Gas Insulated Busduct 
predicted by Monte-Cailo technique”, IEEE Conf. Electr. Insul. 
Diclectric Phenomena (CEIDP), Texas, Austin, USA, 1991 Voi. 1, 
pp. 399-402.,1991. 


[5] G.V.Nagesh Kumar, J Amamath, B P. Singh and K.D. Srivastava, 
“Blectuic Ficld Effect on Metallic Particle Contamination in a Common 
Enclosure Gas Insulated Bus duct ”, IEEE Transactions in Dielectrics 
and Electrical Insulation, April 2007, PP. 334-340. 


620 


Procecding of International Conference MS’07, India, December 3-5, 2007 


PD Detection and Location in Cable Networks 
Based on Traveling Waves Indices 


S.M. Shahrtash’, F. Haghjoo” 


Iran University of Science and Technology, Iran e-mail Shahrtash@iust.ac.ir 


Abstract—In this paper, a new method for detection and location 
of PDs in single core cables has been proposed. The method is 
based on monitoring two indices composed from forward and 
backward traveling waves measured in the two cable ends, and 
combining them to find the PD location. The two indices have 
been used to investigate the occurrence of internal PDs and 
discriminating them from external PDs and any other events. 
Also, in the case of internal single PDs, they have been used to 
construct the PD current waveform by using the Bergeron model 
for cable. Through simulating the network by ATP, the results 
have shown good performance in detection and location. 


Key words—Partial Discharge, Location, Traveling wave, cable 
network. 


I. INTRODUCTION 


HE most important phenomenon in insulation degradation 

is Partial Discharge (PD), which if not inspected and 
remedies actions provided it can make insulation failures. 
Detection and location of PDs in cable networks, not only 
makes the maintenance programs more effective and less 
expensive, but also can increase system reliability. 

Although low PDs exist in all of the HV devices and cables, 
but as the intensity of PDs increases it is an indication showing 
the system approaches to an emergency condition. Fortunately, 
in contrast to short circuit faults, there is adequate time for the 
diagnosis of PDs, because it gradually increases and reduces 
insulation properties. 

Routine testing of the insulation condition is performed in 
certain periods, through off-line procedures, which need power 
outage and are somehow destructive. In on-line diagnostic 
methods of PDs, there 1s no need for any outages, and if the 
insulation condition shows that some remedial actions are 
needed the repairing time may be minimized. On-line 
diagnostic methods are based on performing signal processing 
on current and voltage signals, measured in different 
observation points on the considered system or apparatuses. 

For defect detection in embedded cables, electrical signals 
are only obtainable at the two ends of each section, and the 
signal processing must be performed based on the measured 
signals at these points. 

In this paper, detection and location of PD in cable 
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networks have been performed based on Traveling Waves 
(TW) theory [1-3], using two defined indices, named as E, 


and €,. These indices are constructed by combination of 


forward and backward voltage waves in sending and receiving 
end of the cable. Also the PDs current wave shape is 
reconstructed through a simple process. 


H. PD LOCATION ALONG THE CABLE BASED ON 
TRAVELING WAVE COMPONENTS 


The famous set of equations for describing cables’ voltages 
and currents in transient regime in distributed model can be 
shown as: 


ax? or? a) 
o*i d'i 

S= CL 

ox or 


After solving them, the following results will be obtained: 


v(x, =V; (x—V.t) +V (x+v,t) 


, (2) 
i(x,t) =I (x—V,t)+ Ip (x +v,t) 

where F and B subscripts are used for forward (in positive 
direction ofx) and backward (in negative direction of X) 
waves, respectively, Also the following relations exist between 
these waves; 


Vex -v OD =Z. p (x—-V_t) a 
V(x tyv, t)=-Z. {I(x +V,t) 
In the above equations, Z. is the characteristic impedance 


of the cable and V, is traveling wave velocity (which is about 


55 percent of c [4], for PE cables). 
Based on the above equations, the forward and backward 
voltage and current are obtainable as in the following: 
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Viens =v, 1) +Z, iD] 


V, (4,1) = new —Z.i(x,t)] 


| 1 (4) 
Ip (x,t) = 5s t) + mae t)| 


í 


1 
(x,t) = ae t)— =a t)] 


(4 


As effect of The occurrence of PDs or any other electrical 
transient disturbances, two equal signals are generated and 


started to travel in opposite directions with V. (according to 
physical parameters of propagation path). 

Assuming that the traveling time along the cable is T in 
seconds, then: 


-If a traveling voltage wave enters a cable from sending end, 
that wave will be detected at the sending end as a forward 
voltage wave, and T seconds later, at the receiving end as a 
backward voltage wave, and therefore: 


[vp ,)-Z, 4,0 = vs IMT) +Z dit, -T)] 6) 


-If a traveling voltage wave enters a cable from receiving 
end, that wave will be detected at the receiving end as a 
forward voltage wave, and T seconds later, at the sending end 
as a backward voltage wave, and therefore: 


[vs t) -Z dist =i, T) +Z. ik, —T)] (6) 


-If a traveling voltage wave, as a result of PD (or any other 
problem that generates transient voltage signal), is produced at 
a point on the cable under consideration, none of the above 
equations holds. These are the main criteria to detect and 
locate PDs which are explained in the next section. 


HI. PD LOCATION WITH TW BASED INDICES 


As described in the previous section, in the case of external 
defect, the difference of backward and delayed forward 
voltage waves measured at the cable ends will be zero. 
Therefore, according to (5) and (6) the TW based indices can 
be defined as: 


E (t) =pl- T) +i] + 


l 
z” (t ~T) a Vs (t)] 


ER =E T) +i] + 


1 (8) 
——[v,(f-T) —v,(t)] 
Ze 
By introducing f, as sampling frequency and 
N, = < =T- f,, in digital mode the indices are defined as: 
4 
E(k) =[ik(k-N,)+is(k)]+ 
l (9) 
pd ae 32) 
E,(k) = [i(k — N,) +ip(k)] + 
(10) 


l 
7 ls (k -N,)— vg(k)] 


C 


If the two indices have zero value in any pre-defined period 
of time (or any obtained sample), then in the case of detecting 
TW, they are entered from outside of the cable. Otherwise, PD 
is detected along the cable, provided that the time difference 
between the instants of detecting a backward voltage waves at 
the two ends becomes not more than T (or N, ). 


Now, referring to Fig.(1), if a PD occurs in point F of cable 
AB, for AF and FB subsections the following relations can be 
written: 


l ; 
Iz vst —7,,)+it-T,)]- 


G1) 


1 ; 
moe — lra (t)] =0 


1 ; 
ee 
1 (12) 
Ly Vell Ta) + PAU —T)] =0 


¢ 





x 
where T =~ and T = are the wave traveling 
V 


€ C 


time from A to F and from F to B, respectively. 


Fig. 1. A section of a cable network with installed V and / sensors 


By applying a time shift equal to T}, in (I£): 
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1 
FA =T) tis lt -Tu —T)] 
l 1 (13) 
~i Yt- Ta) irl —T2)]=0 
Defining T, =7,, + Tiz, (13) can be rewritten as: 
1 ; 
FO Fis -T)] 
j (14) 


I : 
ale —T2) ~ ira (t —T.)] =0 


And then by adding (12) and (14): 
1 
—[v. (t -T ) -v l+ lit —-TtT) +L] = 
Z, s H af ) lz, ¢ I RC )] (15) 
— [ira (t — T2) + ing (t ~T2)I 


The LHS in the above equation is E€} and by applying KCL 
at F, the RHS becomes the PD current; therefore (15) can be 
rewritten as: 


E p(t) =lpp(t -T 2) (16) 
Similarly, it can be found: 
Es (t) = ipp- T) (17) 


In the digital mode, by definition of N,, =7,, °F, 
and N,. =7,, ° f,, (16) and (17) can be changed to: 


En (kK) =Ipp (Kk — Nip) 
Es (kK) =Ipp(k- Ni) 


(18), 
(19) 


Therefore, if the indices defined by (7) and (8) in analog 
mode, or (9) and (10) in digital mode, have non-zero values, 
PD has been occurred in the protected zone and these indices 
show the shifted PD current signal. The delay time for each 
index depends on the location of defect point wrt each end of 
the cable. 

The final step to determine the location of PD is to find the 
time difference between the observation of E€, andé, at the 
two ends of the cable. In order to perform this calculation, the 
cross correlation (CC) of them is calculated, in analog mode, 


according to different time shifting and through the following 
relation: 


o tH pw ' 
CC] sita, = E (Elt +t, )dt (20) 
The CC value is obtained for time duration 


(to ~ ty) + tpw) and by considering different shift times, i.e. 


t p, in order to find its maximum value. The fp, is the data 
window (DW), and is described in the next section. 
Introducing, N py = tpw Jf, and N,, =t" f, in digital 


mode, (20) becomes: 
kot N 

CC] amn, Z 2 Es k)ERlk tN a) (21) 
kmko 

Calculating CC for N a = 0,1,2,...., N 5 


(N, corresponding toT,), and finding (NES), ie. the 


sample at which CC takes the max. value, the PD location can 
be determined as: 


L NMe- cc 
x=— Aar —) 
N. 


Ti 


(22) 


Obviously, by considering €, as stationary signal and Eş 


as the shifted one in (21), the distance of the defect point from 
the receiving end will be obtained. 


IV. MODELING AND IMPLEMENTATION 


The cable network is modeled in ATP as in Fig. 2, with the 
following details: 


5., hatg 


k 
E r 
r 
: 1: re 
uA hi 
A , Š 
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4 rN > 
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+ a r ~ b 
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"Fig. 2. Cable network with inserted acca PD generator in section La 
(Data are obtained through V and I sensors, installed in the cable ends) 


A. Cable Modeling 

For this purpose, the Bergeron model [1-3] of single phase 
cable is used. 

B. PD Modeling 


The PD signals are generated through a two-capacitors 
model [5]. 
In this model: 


> The top capacitor is the representative for the 
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spherical cavity in the insulation layer. 

> The bottom one is the equivalent capacitor for the 
residual insulation in the same column. 

> The shunt resistors are the cavity resistance and the 
insulation resistance. 

When voltage across cavity capacitor rises and exceeds the 
defined breakdown voltage, the T switch will be closed. Then 
this capacitor will be discharged via non-linear resistance R(1). 
If cavity voltage decreases to under a determined voltage (i.e. 
residual voltage), the switch will be opened and again the top 
capacitor will be charged. 


C. Data Window Duration 


It is possible to choose a long data window, but the 
calculation burden becomes large. Decreasing DW may be 
performed until that it reaches at least half of the PD signal 
duration (e.g. as the duration of PD signals in this simulation is 
about 3.5 micro-seconds, selecting DW as 2 ~ 4 micro-seconds 
is suitable). 

In general, DW should have the following properties: 

> For reducing the calculation burden, DW should be 
selected with the lowest possible duration. 

> The DW must contain suitable information for PD 
diagnosis. 

> DW starting edge must be determined according to 
the instant that PD current value exceeds a pre- 
determined threshold (next sub-section). 


D. Selecting Thresholds 


In real cases, for external PDs, the introduced indices will 
be non-zero for the following reasons: 


> In spite of available procedures for advanced signal 
de-noising, some noises with iow amplitudes remain. 

> A/D converters have errors [6], which make some 
small pulses to be appeared in the output. 

In addition, 

> Low intensity PDs that normally exist in HV devices 
are non-important and should be ignored in the 
proposed algorithm. 

> PD in the new cables should be not exceed 10pc[7-8], 
but much more than this value is not a reason for any 
emergency conditions. So the thresholds should be 
selected as such that only enables the detection of 
growing PDs. 

Consequently, in order to determine a practical threshold, a 
considerable PD source (e.g. 1 nc) is inserted along the 
protected cable and near each end of it. The TW indices are 
calculated and the minimum value of them is chosen as the 
above-mentioned threshold. E 

Therefore, PD in-zone detection criterion can be presented 
as: 


E,(k,)>Thr & &,(k,)>Thr 


=> PD DETECTED 


V. INDICES MEASUREMENT AND PD DETECTION IN 
PROTECTED CABLE 
The proposed algorithm, in digital mode, is implemented as 
in the following: 
J. On-line sampling of voltage and current at cable 
ends 
2. Filtering power frequency component of the signals 
in companion with performing signal de-noising 
3. Calculation of TW based indices according to the 
cable length 
4, Comparing indices with thresholds 


i. Saving next N.+Npy voltage and 


current samples, if any of the two indices 


exceeds the threshold. 
ii. If during the above process, the other 
index exceeds the threshold 


before N , samples from the start, then PD 


is detected and step ‘5’ will be followed. 
Otherwise, return to step 1. 


5. Calculating CC for each N, which takes the 
values from | to N, and finding its maximum 
and corresponding sample N4@*-°° 


6. Determining PD location based on N ae 


Fig. (3) shows the flowchart of the above algorithm. 

The voltage and current signals of the cable L} in Fig. (2), 
with 10km length are shown in Fig. (4-a). The forward and 
backward voltage components for two cable ends are shown in 
Fig. (4-b) and TW based indices and PD current in point F are 
shown in Fig. (4c). The defect point F is placed at 500 m far 
from the sending end. Choosing the sampling frequency as 
10MHz, the proposed algorithm determines the PD location at 
502.8736 m far from the sending end that shows only 0.575 % 
error. 

Fig.(5) shows the percentage of error in PD location for 
different sampling frequencies which proves the accuracy of 
the proposed method. 

Although different DW does not affect this accuracy, but, in 
noisy conditions, it is expected that longer DW raises the 
accuracy of PD location procedure. l 


VI. CONCLUSION 


In this paper, an integrated and complete approach for 
detection, location and PD signal reconstruction ın HV cables 
has been proposed, based on TW indices. The results showed 
that the proposed algorithm has a very dependable accuracy 
for PD location and reconstruction of PD current signal. By 
increasing the sampling frequency, this small error is even 
reduced, while the calculation burden is increased. 
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Fig. 3. The flowchart of the proposed method 
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Abstract—- In this paper, a Linear Quadratic Gaussian (LQG) 
controller is proposed for the distribution static compensator 
(DSTATCOM) system. This eliminates the need of full state 
feedback and also incorporates the effect of random load 
variations and polluted load voltage conditions. To further reduce 
the complexity of controller, a reduced order controller is 
designed for the DSTATCOM that is used for the load voltage 
control. First, the fourth order model of the DSTATCOM is 
reduced to the second order using balancing method of model 
reduction. A second order LQG controller is then designed for 
the inverter switching control of the DSTATCOM. The use of 
method of balanced realization indicates that there is a possibility 
of approximate second order plant model based on a-priori error 
bound. It is shown that the second order model reduced from the 
full order plant gives a closely matched frequency response 
characteristics over a wide range of frequencies. This yiclds 
steady state and dynamic performance of the DSTATCOM using 
reduced order controller to be approximately same as when used 
with the full order controller. It is shown that the DSTATCOM 
using proposed reduced order LQG controller regulates the load 
voltage. The theoretical results are verified for the single-phase 
control of the DSTATCOM using simulation studics. 


Key words-——Controller, DSTATCOM, LQG, Reduced-order. 


I. INTRODUCTION 


HE distribution static compensator (DSTATCOM) is an 

. important device for the control of the load voltage of a 
distribution system [1]-[4]. The stable operation of the 
DSTATCOM requires state-feedback control for tracking of 
the reference load voltage [1], [2]. This requires full state 
feedback using various variables of the DSTATCOM system. 
Use of number of sensors and feedback of many variables 
limits the use of the DSTATCOM as voltage regulating 


‘device. Use of dynamic estimator minimizes the number of 


sensors required for the feedback of the variables. However 
random load variations and polluted point of common- 


ray 


-coupling (PCC) voltage makes the control and estimation 
stochastic in nature. The LQG controller has been a widely 
used controller for the control of references and estimation of 
the states under such stochastic conditions of the system. 

In this paper, an LQG controller is designed for the 
DSTATCOM that is regulating the voltage at the PCC of the 
distribution system. This eliminates the need of full state 
feedback and also incorporates the effect of random load 
variations and polluted PCC voltage conditions. Design of 
LQG controller from full order DSTATCOM model, leads to a 
higher order controller. This increases the complexity of the 
controller implementation. A reduced order LQG controller 
can be designed using balanced method of model reduction 
[5]. This method has been used in this paper to design a low 
order LQG controller for the DSTATCOM that is used for the 
PCC voltage control. First, the fourth order model of the 
DSTATCOM is reduced to the second order model. A second 
order LQG controller is then designed for the inverter 
switching control of the DSTATCOM, The advantage of using 
balanced realization is that it indicates the possibility of 
approximate second order plant model based on a-priori error 
bound. Also the method yield closely matched frequency 
response characteristics over a wide range of frequencies. 


Il. DSTATCOM MODEL 


Fig. 1 shows a typical DSTATCOM compensated electrical 
power distribution system. It is desired to use the 
DSTATCOM in voltage control mode [1]-[4]. In this mode the 
terminal voltage v, at the PCC is controlled against the 
variations in the source voltage v, and load changes. 

Consider the distribution system that consists of a linear load 
(Rọ, L) and supplied from the voltage source v, through a 
feeder (R, L) as shown in Fig. 1. The DSTATCOM consists of 
a voltage source inverter (VSI) that is connected to the PCC 
through a transformer T, of voltage ratio lun. The VSI 
constitutes of switches Sw, to Sw, that is made of a power 
semiconductor device like IGBT and an anti-parallel diode. 
The voltage V4. represents the dc link voltage of the VSI. The 
inductance and resistance in the shunt path referred towards 
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secondary side of the transformer are Lr and Ri, respectively. 
The resistance R,, also includes any other loss component such 
as inverter conduction and switching losses. The filter 
“ capacitor C;is connected across the PCC. The currents flowing 
through the different branches are: the source current i, the 
load current i), the current through the filter capacitor ip the - 
inverter output current i, and the current injected in the shunt 
branch i,,, The net controllable voltage at the output of the VSI 
is uVg,, Where u is defined as the control input and represents 
the switching logic of the inverter. The parameters of the 
system shown in Fig. | are given in Table 1. The equivalent 


circuit of the DSTATCOM system of Fig. 1 is shown in Fig. 2. 





Fig. 1 A DSTATCOM compensated distribution system 
Table 1 System parameter 





Fig. 2 Equivalent circuit of the system of Fig 1. 


Comparing Fig. 1 with Fig. 2 following relations 
written. 


i, =k; i =h; if =h ~h ~i; ia =i — hy 


can be 


(1) 


Choosing the state vector x’ = [i h i; v), the following 


state space representation 1s obtained. 
x= Ax+ bv, +b u 


where, 


(2) 


~RIL 0 0 “~(/L WL 0 
0 -RIL 0 UL 0 — V4.1 Ly 
A= h= h = 
0 0 -R/L WL 0 0 
Nc... sey ie, © 0 0 


In order to have tractable state variables, the following state 
transformation is performed. 


-1 0 1 0 
T ko 

z=, iy v, if = x=Px (3) 
ae 0001 
0 0 1 0 


The state equation (2) is then transformed into the following 
new set of state model. 


z= PAP z+ Pbv, + Phau, = Az + hy, + bau, (4) 


Following output equation is obtained with terminal voltage 
y, as output. 


y=Cz=(0 0 1 Ok (5) 


In view of designing controller in the discrete-time domain, 
it is required to first discretized the plant model.. If the 
sampling period is denoted by ży then the model (2) and (5) is 
discretized as [6] 


z(k +1) = Ayzlk) + bav, (k) + bagtt.(k) 
(6a) 


yk) = Cy z(k) (6b) 
where, 


t t 
Ag ze", big = f ban; bag = fe Bar (7) 
0 0 


With the choice of parameters given in Table 1 and 
sampling period t, of 10 us, the system matrices of (6) are 
listed in Appendix A. 


iI. LQG CONTROL 


The state space model of (2) is obtained under the 
deterministic conditions. However due to random load 
variations and polluted PCC conditions. the appropriate way to 
represent the system is through stochastic model. Following is 
the standard stochastic state space model of the system [7]. 


State equation: z= Az + b v, + bout + b w (8a) 
Measurement equation: y= Ciz +y (8b) 
Output equation: n = Cz (8c) 


where, v, w and the initial condition xo are Gaussian stochastic 
processes and independent of each other. In addition, v and w 
are zero mean with following covariance matrices 


Elvey" (t)] = R, 60-7), Elw(w? (t= R,,6(t-7) (9a) 
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E[x(tg)] = Xo, EL x(ty)x" (tg)] = Zo 


It is desired to design a discrete-time linear quadratic 
infinite-time tracking control and therefore the system of (8) is 
discretized. Then the following performance index is defined. 


(9b) 


Ja ely (k) —zyop (KI Olek) — znr (KH oruwo) (10) 


k=0 


A switching function u (k) may be determined using the 
control law of the following form [1] 


te (k) =~K(2(k) — Zpep (k)) (11) 


where, K is the optimal feedback gain matrix determined after 
minimization of (10). In case of switching control tracking of 
DSTATCOM, the control input to the DSTATCOM, i.e., u(k) 
is determined from the switching function u, (k) using the relay 
function (.) [2]. The relay function relates input u,(k) to the 
output 4(k) as 


u(k)=+1 
u(k) =—{ 


Jor u.(k)>0 


for u.(k)<9 


Since z(k) in (11) is not accessible for feedback, it is 
estimated as z(k)using steady state Kalman filter [7]. The 


filter equation is given by the following form 
2(k +1) = (Ay -bza K — K,Cy E(k) + Ke y(k) + bag KZ pep (k) 
(13) 


where K, is the error estimation gain matrix. For the state 
feedback control (11), the reference Zey for state vector z must 
be calculated. Suppose it is desired that the inverters inject a 
current i, such that the load terminal (PCC) voltage v, has an 
rms value of 6.35 kV and lags the source voltage by 20°. Then 
from Fig. | and using the parameters given before, the 
following reference values are calculated for a frequency f = 
50 Hz. 


Virer (£) = 8980sin(1 00m — 20°) V (14a) 
i pep (t) = 72.6552sin(1 00m —160.65°) A (14b) 
i fref (t) =219.3570sin(1007t + 70°) A (14c) 


where the subscript ‘ref in (14) denotes the reference values. 
It ıs to be noted that the reference for load current is set as 
Zero, İ.C., ding = 0. This is because the load changes at any time 
during the operation and the DSTATCOM must cater to these 
changes. The random variation of load is modeled through 
white noise in (9). Fig. 3 shows the full block diagram of LQG 
based control of the DSTATCOM. The block diagram shows 
the discretized plant with discrete-time LQG controller. 

As stated in [7], the non-linear relay controlled system using 
LQG design as shown in Fig. 3 has guaranteed robustness 
when the following two conditions are satisfied. 


Condition 1: @& ) belongs to the sector (1/2, °°) such that at the 
non-linearity insertion point there is a gain margin (1/2, œ) and 
a phase margin of 60°. 


Condition 2: The design of estimator/controller gains K,/K are 
such that the pathway from the control u to the estimator is 
relatively inconsequential or the estimator output is far more 
dependent on the plant output y than on the plant input u. 


v,(k) uik) 





Hk =) ={A; ~d 0K ~ K, CER- K lieb 22 (hl 


Enik) Wk) 
Fig. 3 Discrete-time equivalent of LQG based switching control of 
DSTATCOM. 


IV. REDUCED ORDER CONTROLLER DESIGN 


In this section a reduced order LQG controller is designed 
for the full order system. The full order DSTATCOM model 
(8) is first discretized. The equivalent discrete model is 
reduced to a reduced order model. The low order LQG 
controller is then designed for the reduced order system model. 
The method of balancing technique is used to reduce the 
higher order system model. 

Let us consider the stochastic model of DSTATCOM 
compensated distribution system (8). The system is discretized 
with a sampling period of 10 us. Following matrices are 
defined as, the weighting matrices Q and r, intensity matrices 
R, and R, and input matrix b, . The weighting matrices are 
considered on the basis of priority of the state control and cost 
in the input 1tespectively for Q and R in (10). The intensities 
matrices are chosen based on the disturbance effect. The input 
matrix b, is chosen depending on the effect of stochastic 


disturbance on each state. These matrices are defined as 


Q=diag{l 0 10 OF r=0.1 


a (5) 
Ry =1.0 Ry =0.01 6,=[10 100 10 100] 


Maximum weighting is given to PCC terminal voltage 
control. The load and filter current is not given any weightage 
[1], {2]. Random variation of load and switching component in 
filter current are most disturbed and this appears in disturbance 
matrix. The PCC polluted terminal voltage is under 
measurement error. It is assumed that the terminal voltage is 
the only measurable variable and accessible for feedback. The 
desired outputs are capacitor filter current ip shunt injected 
current i, and terminal voltage v, Therefore in (8), following 
are chosen. 


1000 
C,=[0 0 1 of c,=|0 1 0 oj; (16) 


00 1 0 
Under these conditions, it is desired to design a second order 


reduced discrete-time LQG controller, which estimates the 
states and tracks the reference variable zp 
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Balanced realization for the full order model given in 
Appendix A, has been obtained. The Hankel singular valucs 
for the model is calculated as (2.4146, 1.9702, 0.1392, 
0.0034}x10*. First two dominant singular values indicate the 
possibility of reduced second order model with an L.-error 
norm of 62 db. The full order discrete model given in 
Appendix A is reduced to a second order model using discrete- 
time balancing technique [5]. The reduced order model is 
given in Appendix B. Fig. 4 shows the comparison of the bode 
plots of the original and reduced models. Figure shows the 
close approximation of the reduced model to the full model 
over wide range of frequencies. This indicates that both 
dynamic and steady state characteristics of the reduced order 
model will approximate the full order model under closed 
loop. 

A reduced second order LQG controller (11) and (13) has 
been designed after correspondingly reducing the model (8) 
and weighting/intensity matrices (8). The reduced controller 
equation (13) is given in Appendix C. 

It may be noted that the gain of the relay nonlinearity is 
generally very high, which satisfies the Condition | in Section 
UY. Furthermore, the gain of the control input to estimator is 
calculated as 2.08 and the gain from output to the estimator 
calculated as 77949 at power frequency. This implies that the 
estimator output is far more dependent on the plant output than 
the control input. This satisfies the Condition 2. Therefore the 
LQG design has guaranteed robustness. 


Bode Diagram: solid Hne-tull order, dashed fina-reduced model 
100 






Magnitude (dB) 


Phase (deg) 


+0" TY 10° 10° 10° 10° 
Frequency (radi/scc) 


Fig. 4 Bode diagram of full order and reduced order models. 


Implementation of ideal relay algorithm (12) will lead to 
infinitely large switching frequency for the switches used in 
the VSI shown in Fig.1. In order to avoid this a hysteresis band 
(h) is introduced with the ideal relay. The modified algorithm 
of the relay with hysteresis is given by 


u(k)=+1 for u,(k)>+h 


(17) 
u(ky=-1 for u,(k)<-h 


V. SIMULATION RESULTS 


Consider the system parameters given in Table 1 and 
references defined in (14). Fig. 5 shows the tracking 
performance of the DSTATCOM using the reduced order 
LQG controller designed in Appendix C. Figure shows the 
tracking of the reference terminal voltage v, filter capacitor 
current įg and shunt current i4.. Fig. 6 shows the tracking error 
in the corresponding variables. The hysteresis band chosen in 
(17) for tracking of the reference is h = 0.0359. This leads to 
the switching frequency of 8 kHz for the switches of VSI. The 
tracking characteristics are found satisfactory with this finite 
switching frequency. The source voltage and load are 
considered variable during the simulations. This shows that the 
DSTATCOM regulates the terminal voltage.. 


Dashed line: Reference and Solid line: Actual Waveforms 
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Fig. 5 Tracking of the references for terminal voltage, filter capacitor current 
and shunt current by DSTATCOM. 
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Fig. 6 Tracking enor in terminal voltage, filter capacitor current and shunt 
current. 


VI. CONCLUSION 


The second order LQG controller designed for the 
DSTATCOM, controls the voltage at the PCC. The kalman 
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filter designed for the estimation of the states minimizes the 
number of sensors required for the state feedback control 
under stochastic system conditions. The method of balancing 
technique of model reduction gives close approximation of the 
reduced order model to the full order model over wide range 
of frequencies. An a-priori error bound indicated the presence 
of valid second order model. The use of high gain nonlinear 
relay ensures the robust performance of the DSTATCOM with 
the LQG controller. 


APPENDIX A 
Following system matrices are obtained after discretization. 


0,999 6.67x10°% 1.03x107 -3.65x107 
~1.04x107 0.998  -3.63x107 3.65x107 


Ay = 5 ad 
~ 6.7210" 0 128 999 235x10 
-3.87x10!° 1.11x10É 172x107 0.995 
-8.65x105 7.22x«10% 
865x10" 324 

hy = bay = : C,=[0 0 1 0] 
5.56x10° 0.208 
3.21x10" 1.20x10% 

APPENDIX B 


System matrices for the reduced order model are given 
below. 


0.999  6.75x10° 
-6.75x10° 0.999 
134x107 i 5.57 i 1.55x107 
Dred = 3 red = : 
75x104] 7 1539] 7 |282x10° 


Cag =[5.57 -5.39] 


APPENDIX C 


Designed second order controller equation is given below. 


-8.51 8.19 0.026 
2(k +1) = Z(k) + yk) 
-9.13 8.84 J 
9.36 -8.04 -2.14 O81 
F Ziref: (k) 


9.06 -7.78 -2.07 0.78 
K =[i.68 -1.44] 


REFERENCES 


[1] G. Ledwich and A. Ghosh, “A flexible DSTATCOM opesating in 
voltage or current control mode,” /EE Proc. — Generation, Trans. & 
Distrib , vol 149, No 2, pp, 215-224, March 2002. i 

[2] A. Ghosh and G Ledwich, Power Quality Enhancement using 
Custom Power Devices, Kluwer Academic Publisher, Boston, MA, 
2002 


} 


(3) 


[4] 


[5] 


632 


M. K. Mishra, A. Ghosh and A, Joshi, “Opciation of a DSTATCOM 
in voltage control mode”, JEEE Trans. Power Delivery, vol.18, no.l, 
pp.258-264, Jan. 2003. 

R. Gupta and A. Ghosh, “Frequency-domain characterization of 
sliding mode control of an inverter used in DSTATCOM application”, 


' JEEE Trans. Circuits. Systs.- 1: Reg. Papers, vol.53, no.3, pp. 662- 


676, March 2006. 
L. Pemebo, and L. M. Silverman, “Model Reduction via balanced - 
state-space representation”, JEEE Transaction on Automatic Control, 
vol, 27, pp. 382-387, 1982. 

B. C. Kuo, Digital Control Systems, Oxford University Press, Inc , 
Madison Avenue, New York, 1992. 

B. D. O. Anderson and J. B. Mome, Optimal Control: Linear 
Quadratic Methods, Englewood Cliffs, NJ: Prentice-Hall, 1990. 


Proceeding of International Conference MS’07, India, December 3-5, 2007 


Concept and Benefits of Microgrid System with 
Modeling and Simulation 


Prasenjit Basak’, S.P. Chowdhury *, and S. Chowdhury ° 


' Rescarch Scholar, Jadavpur University, e-mail: prasenjitbasak1 @yahoo.co.in 
? Reader, Electrical Engg. Deptt Jadavpur University, e-mail. spchowdhury63 @ yahoo.com 
3 Lecturer, Women's Polytechnic, Jodhpur Park, e-mail: sunctra69 @ yahoo.com 


Abstract— The electrical power utility structure is changing the 
power gencration concept worldwide and opening up new 
challenges in the generation and distribution markets. 
Restructuring of power markets is helping towards penctration of 
Distributed Generation (DG) in the electricity networks. Electric 
utilities are seeking new technologies to provide good quality 
power and reliability to their customers. Small non-conventional 
generation option is rapidly becoming attractive to many utilities 
because these technologies produce electrical power with less 
environmental impacts, are easy to install, and are highly efficient. 
As the awareness on environmental issues like global warming 
increasing, renewable energy source becoming a most significant 
source of energy. Geographical, Environmental, Political and 
financial factors of different countries lead to increased use of 
many renewable energy sources like Wind Electric Conversion 
System, Photovoltaic (PV) System, Biomass System and Fuel Cell 
System cte. 

Low power generation capacity of individual distributed 
resources (DRs) ignited the requirement of integration of different 
types of DRs to enhance the power capacity, reliability and 
marketability as a whole, and the concept of Microgrid is 
established as an integrated form of gencration, storage and load 
systems with suitable power electronics based control mechanism 
capable of working under main grid connected mode and islanded 
mode. Microgrid system should be well equipped with generation 
and storage technologies. Photovoltaic Cells, Micro-turbines, Fuel 
cells, Wind turbines, Reciprocating engines and small Hydro- 
turbines etc, contribute generation technologies. Batteries, 
Flywheels, Superconducting magnetic energy storage systems, and 
Super capacitors etc implement storage technologies. All these 
distributed gencration and storage technologies could be grouped 
together into Microgrid. 

The purpose of this paper is to present the concept and benefits 
of Microprid system formed by DRs and the other main purpose is 
to describe a model of Microgrid system simulated by Matlab 
software. Many new issues have created a new scenario for the 
electric power infrastructure such as, deregulation of the electric 
utility industry, public awareness of the environmental impacts of 
electric power generation, rapid increases in electric power 
demand and significant advancement in several generation 
technologies which are more environment friendly than 
conventional ceal, oil and gas fired plants. An approach to 
quantify the above points is proposed, results are discussed with 
necessary diagrams, Matlab model curves cete. in order to 
represent an appropriate figure of the Microgrid performance, 


Key words— DER, Microgrid, Photovoltaic Cell, Simulation. 


I. INTRODUCTION 


The world is becoming more crowded day by day. The 
conventional sources of energy will be exhausted by the end of 
the century or beginning of the next century. Nuclear energy 
requires skilled technicians and poses the safety as regards to 
radioactive waste disposal. Solar energy and other non- 
conventional energy sources are the sources; those are to be 
utilized in future. Demand for energy will continue to grow 
even if governments of various countries adopt policies to 
conserve energy. This growth must increasingly be satisfied by 
energy resources, 
The continued growth of energy demand requires that energy 
resources be developed with the utmost care. 
Electricity from nuclear power is capable of making an 
important contribution to the global energy supply although 
worldwide acceptances of it, on a sufficiently large scale, yet to 
be established. 


Coal has the potential to contribute substantially to future 
energy supplies but due to the limitations on availability all the 
countries are thinking suitable alternative over it. Also, the use 
of natural gas is constrained by incentives and costly inter 
continental gas transportation systems. Under this situation, 
other than hydroelectric power, renewable resources of energy 
e. g., solar, wind, wave will contribute remarkable quantities of 
additional energy during the century worldwide. 


Now, the integration of individual alternative small power 
source is rapidly changing the power scenario and interest in 
Distributed Energy Resources (DER) is being increased 
rapidly. The uneconomical larger power plants in many regions 
due to increasing system and fuel costs, and environmental 
regulations, are not suitable prospective in future power 
generation stage. In addition, recent technological advances in 
small generators, Power Electronics, and energy storage 
devices have provided a new opportunity for distributed encrgy 
resources at the distribution level, and especially, the incentive 
laws to utilize renewable energies has also encouraged a more 
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decentralized approach to power delivery and energy efficiency 
improvements. Policies for achieving energy conservation 
should continue to be the key elements of all future energy 
strategies. 


Few countries in the world have placed as much faith in 
renewable energy sources as India has. When the world was 
reeling under the oil price shocks of 1973 and 1979, every 
nation had made a beeline for renewable energy sources as 
alternatives to fossil fuels. 


ROLE OF INDIA 

India has implemented a lot of policies over renewable 
energy sources and it was reflected in the numerous policy 
decisions taken by the government at the highest level. India is 
one of the few countries, which have a full-fledged ministry 
belong to non-conventional energy sources, There is a 
renewable energy development agency at the centre and similar 
agency in most of its states. 


H. DISTRIBUTED ENERGY RESOURCES AND MICROGRID 
CONCEPT 


Evolutionary changes in the regulatory and operational 
climate of traditional clectric utilities and the emergence of 
smaller generating systems such as micro turbines have opened 
new opportunities for on-site power generation by electricity 
users. In this context, distributed energy resources (DER) - 
small power generators typically located at users’ sites where 
the energy (both electric and thermal) they generate is used - 
have emerged as a promising option to meet growing customer 
needs for electric power with an emphasis on reliability and 
power quality. The system of DER includes generators, energy 
storage, load control, and, for certain classes of systems, 
advanced power electronic interfaces between the penerators 
and the bulk power provider. It is desired that the significant 
potential of smaller DER to meet customers’ and utilities’ 
needs can be best utilized by combining these resources into 
MicroGrids. 


The main features of DER generating technologies based on 
Microgrid concept is their interconnection through inverter-like 
power electronics. The effort is initially focused on micro 
turbines and fuel cells and other emerging technologies that 
might ultimately be used in Micro Grids could be larger. 

Customers benefit from a Micro Grid because it is designed 
and operated to meet their local needs for heat and power as 
well as provide uninterruptible power, enhance local reliability, 
reduce feeder losses, and support local voltages. The pattern of 
exchange of energy services between the Micro Grid and the 
bulk power provider grid is determined by commercial 
conditions. 


Ill. MICROGRID COMPONENTS 


Many small (less than 250-kW) generation and storage 
technologies are already being used to save peak generation 


and provide back-up generation during power system outages. 
This gives a brief overview of each of the major technologies 
currently in use or expected to soon become available. These 
technologies are divided into two major categories: generation 
and storage. Brief overview of Generation technologies 
described below, 


Micro-turbine: Micro turbines, generally fueled by natural 
gas, are composed of a generator and small gas turbine 
mounted on a single shaft. Micro turbines rotate at high speeds, 
some at nearly 100,000 rpm. A permanent magnet generator 
spinning at this high shaft speed produces the power in the form 
of high-frequency AC, which is converted to DC and then to 
standard 50-Hz AC using an inverter. 


Fuel Cells: Generally phosphoric acid fuel cell is used which 
is available in the 200-kW size range. This fuel cell operates at 
about 40 percent conversion efficiency. Because this device 
operates at 400 degrees F, waste heat is available as steam, 
which boosts the overall fuel conversion efficiency. 

Photovoltaic Cells: Photovoltaic (PV) devices have been in 
existence for many ycars since their early use in the U.S. space 
program. They rely on sunlight to produce DC voltage at cell 
terminals. The amount of voltage and current that PV cells can 
produce depend on the intensity of sunlight and the design of 
the cell. PV systems use cell arrays that are either fixed or 
follow the sun to capture additional energy. Because solar 
energy takes a large area of PV cells to produce significant 
power. At a typical cell conversion efficiency of 10 percent, 
about 10 m? of panels are needed to provide a peak power of 1 
kW. To reduce the number of costly PV devices used, mirrors 
or lenses can be used to concentrate sunlight on to the cells. 
This increases the PV cell output but requires tracking devices 
to ensure that the array is aligned with the sun. Photovoltaic, 
like micro-turbines and fuel cells, generate DC voltage that 
must pass through an inverter to produce 50-Hz alternating 
current for distribution on the utility grid. 


Solar Thermal: Although there are a number of large-scale 
(several-inegawatt) generation technologies in the solar thermal 
field, the main technology for small-scale generation is the 
sterling dish. This technology is being tested in the 10- to 25- 
kW range. [In this system, light is concentrated on a small. 
receiver by a sun-tracking array of mirrors. The heat collected 
by the receiver is transferred to the hot end of a sterling engine. 
The sterling engine uses working fluid in a closed cycle to push 
pistons and generate shaft rotation. 


Wind: Wind generation has been commercially available for 
many years. In large wind farms wind turbines from 700 kW to 
1.5 MW are available. Several smaller wind turbines (<250 
kW) are available for use in Micro-Grids. These machines 
typically use an induction generator driven by a rotor with 
blades. As is true for the solar options, the wind generators’ 
power output is determined by the availability of their energy 
source. When the turbine is operating in stand-alone mode, any 
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power requirement in excess of the wind energy available must 
be supplied by storage systems or other generation. 


Small Reciprocating Engines: Reciprocating engines that run 
on various fuels are available in small sizes and up to several 
megawatts. These engines, especially the larger ones, have 
good efficiencies (30 to 40 percent). They operate in stand- 
alone applications like scaled-down generation plants with 
synchronous generators capable of controlling voltage and 
frequency. Waste heat from these units can help boost overall 
system efficiencies. Reciprocating engine generators are a 
mature, low-cost, familiar technology with some attractive 
benefits for Micro-Grids. The most common fuel is diesel, 
which causes serious emissions problems. 


Storage Technologies: Storage is important in the Micro- 
Grid both because peak loads are expensive to serve with 
purchased power and because Micro-Grid generation sources 
may not be able to respond to load changes as needed. Load 
changes are usually caused by fast transients resulting from 
starting of motors or turning on/off of equipment. All the 
storage systems mentioned in the sections below require power 
electronics to convert the stored power to standard, 50-Hz, AC, 


utility-grade power. 


Batteries: Batteries are the traditional method of storing 
electrical energy; there is considerable operational experience 
with battery systems. Lead-acid batteries, available in almost 
any size, are used in many applications that require back-up 
power. Batteries store energy in chemical form and are 
charged/discharged with DC current. This DC current is 
converted to standard, 50 Hz or 60-Hz, AC electrical power. 


Flywheels: These systems incorporate composite rotors, 
magnetic bearings, and advanced power electronics. Flywheels 
store energy in high-speed (up to 100,000-rpm) rotating wheel- 
like rotors or disks connected to motor/generators. High-speed 
rotation is important because the amount of power stored in the 
flywheel is proportional to the square of the rotational speed. 
The flywheel is charged by taking utility power and converting 
it to drive the flywheel motor, which increases flywheel speed. 
During a “discharge,” power is drawn from the flywheel by the 
generator, which slows the rotor speed. Because the output of 
the flywheel generator is variable, an inverter is used to convert 
power to standard, 50-Hz AC power. 


Superconducting Magnetic Energy Storage: 
Superconductors allow the passage of electrical current without 
losses. Electrical energy is stored as a circulating current in a 
superconducting coil of wire. This circulating current 
establishes a magnetic field in which the energy is stored. The 
major energy loss in this system results from the need to cool 
the coil to very low temperatures. Power electronic interfaces 
charge and discharge the upper conducting coil. 
Superconductor storage technology could be adapted to larger 
Micro-Grid applications. 
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Super capacitors: Super capacitors are very-high-capacity 
clectrolytic devices that store energy in the form of electrostatic 
charge. They are composed of two electrodes with a very thin 
separator. Energy storage capacity increases as the surface area 
of the electrodes increases. Energy is stored as a DC field in the 
super-capacitor, and the system uses power electronics to both 
charge and discharges the capacitors. Super capacitors can have 
very high discharge rates and could handle fast load changes in 
a Microgrid. 


Combined Heat and Power (CHP): One important benefit 
of Microgrid is an expanded opportunity to utilize the waste 
heat from conversion of primary fuel to electricity. Because 
typically half to three-quarters of the primary energy consumed 
in power generation is ultimately released unutilized to the 
environment, the potential gains from using this heat 
productively are remarkable. 


Unlike electricity, heat, usually in the form of steam 
or hot water, cannot be easily or economically transported long 
distances, so CHP systems typically provide heat for industrial 
processes, on-site space heating, local heating, or for domestic 
hot water or sterilization. To make CHP systems feasible, a 
sufficiently large need for heat must exist within a sufficiently 
dense area that circulation of steam, hot water, or another 
appropriate medium is feasible and profitable. 


IV. INTEGRATION OF DERs: MICROGRID 

The Microgrid is the integration of Distributed Energy 
Resources. Proper control system allows the Microgrid to 
present itself to the bulk power system as a single controlled 
unit. Co-ordination on interface, control and protection are 
required for each DER and voltage control, power flow control, 
load sharing during islanding, protection, stability, and over all 
operation are essential. The smooth transition of Microgrid to 
and from the island mode is another important feature. 


e Micro-source Controller: The Power and Voltage 
Controller coupled with the micro source provides fast 
response to disturbances and load changes independent of 
communications. 


e Energy Manager: Provides operational contro! through the 
dispatch of power and voltage set points to each Micro-source 
Controller. 


e Protection. Protection of a Micro Grid in which the sources 


are interfaced using power electronic devices to the required 
functionality. 


V. MICROGRID SIMULATION USING MATLAB 


The authors have presented a Microgrid system in Matlab 
software environment using Simulink Toolbox. The scheme 
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is shown below. In this system One number 3-phase, IkVA, 
IkV, 50 Hz Alternator is shown as a 3-phase A.C. source, 
the output of which is connected with busbar through IkV/ 
415 V, 3-phase transformer. On the other side, there are 
three numbers of 680V D.C. system representing PV source. 
For simplicity, constant D.C. voltage source are assumed to 
represent a composite PV system. The output of each D.C. 
source are connected with “Three-level bridge inverter” and 
three inverters are connected in parallel as shown in the 
figure. The three phase A.C. outputs of inverters are 
connected through a 3-phase transformer to the busbar of 3- 
phase A.C. source as shown in the figure. Finally, a three 
phase, IkVA , RLC load is connected with the Microgrid 
system and the nature of voltage wave forms are studied at 
different points of the system by the simulated scope as 
available in the Simulink toolbox option. 

There are further challenges to obtain better sinusoidal 
waveforms by simulating proper control environment. 
However, the basic scheme of integration of Distributed 
Energy Resources is reflected in this paper. | 

The successful operation of Distributed Generation 
depends on the acceptance and participation of local 
community. The factors like local availability of fuel, 
conveniently mecting operational requirements, sound 
maintenance and service support are the most important 
factors to establish a specific Microgrid system, the most 
power alternative to future power crisis. 





VL MICROGRID SIMULATION DIAGRAM 
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Abstract- With the imtroduction of power system reforms, 
commercial issues related to transmission system has become a 
major thrust area for the system opcrators/regulatory bodies 
particularly in terms of introduction of a transparent 
methodology for nctwork charging and loss loading. This 
paper introduces a simple technique based on ‘Proportional 
Sharing Principle’ that traces the flow of power in 
transmission networks. A ‘Participation Matrix’ is developed 
whose elements represent the participation factor of the 
sources towards the loads and to the line losses. Fictitious 
Loading Methodology is used for distributing the line losses 
among the network participants. The proposed technique is 
applied on an IEEE standard 14 bus test system to 
demonstrate its feasibility. The results obtained are verified 
with the standard available results. 


Key words- Fictitious Loading, Participation Matrix, Power 
Tracing Technique, Proportional Sharing Principle. 


I. INTRODUCTION 


DVENT of open access, has shifted the focus of 

attention to commercial issues especially pricing 
mechanisms for usage cost and loss loading. In order to 
allocate the transmission cost at actual to the users, it is 
essential to know, how the customer is utilizing the 
transmission network. More specifically we can say that it 
is necessary to know the contributions of the individual 
participants (generator units, load units, etc.) to the power 
flows and losses through the transmission network. In a 
Power Pool operation the constituents are billed monthly 
for whecling charges, called as Transmission Service 
Charges (TSC) which are proportional to their total 
allocated share in the Central Power Pool for that month 
[3]. This makes the wheeling charge mechanism 
approximate. An ideal pricing mechanism would have been 
to find out how much distance a particular generator’s 
power has travelled so as to meet a particular constituent’s 
load and charge accordingly for the amount of power and 
the distance. But for the exact implementation of this 
transmission pricing scheme, it is necessary that the mesh 
structured electrical network should be converted into a 
simplified model. Again, the complex structure of the 
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transmission network allows a number of possible paths 
through which the electricity can flow from generators to 
the loads. The electricity tracing methodology allows us to 
trace the flow of power in a meshed electrical network, and 
yields information regarding what amount of real power 
and reactive power is being supplied from a particular 
generator to a particular load and what is the share of each 
generator towards the transmission line losses. By means of 
power flow tracing, it is possible to decompose the power 
flows in a transmission line into the constituent generators 
and loads. Henceforth, it is possible to recover the 
transmission charges based on actual usage of the 
transmission line. There are lots of methodologies already 
proposed to tackle this problem such as DC Distribution 
Factors based method, Current based method, Power Flow 
comparison method and so on. In 1996, J.Bialek [1] 
proposed a methodology to analyse the amount of real and 
reactive power flow from a particular generator to a 
particular load. The ‘Proportional Sharing Principle’ is used 
here as a power tracing tool, to obtain the contribution of 
individual generator units towards meeting up of the 
individual loads. Sun [2], proposed that graph theory can be 
used to trace the complex power flows. He has expressed 
the power flow graph as a directed flow graph based on the 
bus power allocation and circuit equivalence. The above 
proposed methods have the shortcomings that nothing has 
been mentioned about the reactive power loss contribution 
of the sources and in other case the proposed technique is 
quite approximate and cannot be generalized for a real 
system. In this paper, the authors attempt to introduce 
power flow tracing and loss allocation method, which is 
both electrically valid and readily justified to the market 
participants. 


Il THE TRACING PRINCIPLE 


Normally flow of electricity cannot be labelled based on 
the sources or loads. Hence tracing the flow of power from 
individual generator to individual loads is a complex 
process. The main principle used to trace the flow of 
electricity is the ‘Proportional Sharing Principle’. The 
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principle is illustrated in Fig.l. The principle basically 
based on the assumption that all the incoming flows are 
distributed in a proportional manner among the outflows 
[6]. The fig shows that a network node Ns is connected with 
two incoming flows coming from nodes N; and N3 


NI N3 


L 


Ey 


Fig 1 Proportional sharing rule 





and two outgoing flows to nodes N; and Ny The power 
entering in the node Ns is denoted by Pis and Pos 
respectively whereas the power flowing out of the node ts 
denoted by Ps3 and Ps; respectively. It is obvious that 

Fis +P = Poy + Boe (1) 
The contributions of the two incoming flows Pys5 and P25 
towards the outgoing flow P53 can be written as: 


Py = P31 Ps /(Bss + Pas )$+ Ps {Pas /( Rs + P,s )} (2) 
and in a similar manner the contributions towards the 
outflow power Psq is: 


Ps, = Pa {Rs /(Ps + Pys )}+ Poa {Pis /(Ps + Ps )} (3) 
The ‘Proportional Sharing Principle’ explained here can be 
extended further to all the network nodes that allows to 
trace the flow of electricity in a meshed network by some 
recursive calculations. 


il]. ALLOCATION OF GENERATORS OUTPUT TO LOADS AND 
LINE LOSSES 
A 6-node network with active and reactive power flow is 
shown in Fig.2. Active power flow is indicated on the top 
or to the left of the line, while reactive power flow is shown 
to the right or below the linc. For generators and loads 
similar convention are used. 


A. Introduction of Fictitious Node 


Power flow is always accompanied with losses, both 
active and reactive. This creates a difference in flows at the 
beginning and the end of each line. Fictitious line nodes are 
introduced to take care of the line losses. Each line ts 
divided into two lines with the introduction of fictitious 
nodes. Load of a fictitious node is the loss of the 
corresponding line. For active power flow the line nodes 
always acts as sinks whereas for reactive power flow the 
linc nodes may act as sinks or sources. Thus, with the 
introduction of fictitious line nodes the 6-bus, | 1-lincs 
system changes to 17-bus, 22-lines system. This is 
illustrated in Fig.3 and Fig.4 for active and reactive power 
flow respectively where nodes numbered from 7 to 17 are 
the fictitious line nodes and number of lines becomes twice 
the original number i.e. 22. Nodes 7, 10, 14, 16 and 17 acts 
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as reactive power sources whereas nodes 8, 9, 11, 12, 13 
and 15 acts as reactive power sinks. . 


IS5.68 | 125,08 








Fig. 4 Reactive power flow with fictitious nodes. 


B. Nedal Power Outflow 

Power flow through lines can be represented by matrices 
[ P, | and lo, | for active and reactive power flow 
respectively of dimension [(n,+,)x(,+7,)] , where 
'n, and ‘n,' represent number of nodes and lines of the 


original system. Rows of these matrices represent the node 
from which a line started (‘from bus’) and the column 
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represent the node to which a line terminates (‘to bus’). The 
non-diagonal element [ P, IF and [Q, if represent the 
active and reactive power flow in the line[F, ] and [Q, |, 
which started at nodeijand terminates at node jJ. The 
diagonal element,| P, |, and| Q, i represents the nodal 
load [R], and [Q,], respectively at node i. 
Mathematically, this is represented as 
[A] f i=j [Of i=j 
[e], -lin fij and [2, |, “io if ise 
for fand j=1,2,...2, +n, 
Let, [Py]and[Q,] be two column matrices of 
[C +n,)xV] 
[Py] and [Qp] are the total active and reactive power 
outflow respectively from node i. Mathematically, 


(l= E [, and (ov = È [e], 


for i=1,2,...n, +n; 


(4) 


dimension whose elements 


(5) 


C. Power Allocation Matrices , 

Let, [Dp] and [Dp] be two matrices defined as active 
power allocation matrix and reactive power allocation 
matrix respectively of dimension[(n, +n,)x(n +n). 
Their elements are given by 


[De] aren S (6a) 
l ifi=j 
1 ifi=j 


for i, j=1,2,...n, +n; 

Referring to (1) and (2) and applying (6b) for Fig.4, 
power allocation matrix is given in the appendix. 

D., Nodal Generation: 

The nodal generation is an inflow to the system. Total 
inflow in a node is equal to the total outflow of the node. 
By proportional sharing principle, proportion of the inflow 
from sources or generators in a node may be represented by 
matrices [A] and [Q,] for active power and reactive power 
generation respectively having dimension([(n, +n,)x1]. 
Element of these matrices for node i are given by 


[Po], =P]; AP] and [261]; =[Q; l; /lQx]; (7) 


where, [P,], and [Q,];are the i” element of active 


power and reactive power nodal generation matrices and i 
ranges from 1 to (n, +n,). 
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E. Allocation of Generator Output 

The contribution of generator in i” node to the load in 
j" node are represented by the elements of matrices 
defined as [P me] and [Ouve | for active and reactive power 
respectively having dimension of [(n, +n,)x(n,+n,)]. 


Rows represent the sources or generators and columns 
represent the sinks or loads. Elements are given by 


[Paroc ly =[Pe],[DF'],, [R], 


and [Que]; = [20]; [20], [2], 


for i, j =1,2,....(m, +n) 
Allocation of generators output to system loads are 
represented by matrices rei ] and [ofa | whose 


elements are given by 


[rite], = [Pane], and [OP] = [Ost], 

l for i=1,2,...,(m, tni) J=1,2,. 7 
Similarly, allocation of generators output to line losses are 
represented by matrices Lew and | afi | whose 
elements are given by 

Pi) = [Pae], and [O88] = [ane] (10) 
for i=1,2,...,(m, +n) 
j=n,,(n, +1),....(m, +7,) 


(8a) 


(8b) 


(9) 


Application of these equations to network shown in Fig.3 
and Fig.4 are given in Table I to Table IV. 


Table I Allocation of active power to loads 
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Table Hl Allocation of active power to line losses © (14) 
Losses in 
| g 
| Liner | 04 fF 0 | 
€ © Q 5 
-- : © 
G O =e 
i > à 
Le 
“Line 10 3 " Q ene O 


Line 11 0.1 
Total (MW) | 26.6 | 18 | | T 


€ 


Fig 5 Single-line diagram of IEEE 14-bus system 


Table V Allocation of active power to loads 


at Node 1 at Node 2 


17.19 4.51 





F. Participation Matrix 
Participation Matrix, [K,,.,]and[K,,,,] are defined as 


matrices whose row represents the nodal loads or line losses 
and columns represents the generators or sources of the 
modified system with fictitious line nodes. The elements of 
these matrices are complex (consisting of both active and 
reactive part) in nature. Its each element will give the 
contribution of a generator or source to a nodal load or line 


losses. Its element [Koo 1, will give the contribution of E. -= Hea Sred OD ae 
' Gon, | Gen. | Gen. | Gen, | Gen. | Gen. 
generator or source connected to j* node to the load feet oa wad | Nad | Nad | NaS aE = jeer 
. | at | at at at at | at me 
connected to i” node. The real part of an element of the ia 
matrices represents the active load or line loss in MW while 





Table Vi Allocation of reactive power to loads 


' Nodo | Node | Node Node | Node Node | Node 
aa: 3 6 8 i 5 19 20 


the imaginary part represents the reactive load or line loss ; eae ee eal as 
in MVar. Dimension of participation matrix for nodal loads : o Tar o of | TETT 
is [n x(n, +n,)| and that for line losses are s ol | 042] o . 091 | 003| 009} 003| 159 | 
6 . 02/076} 4591166] 0%] 017] 006[ 75 | 
[n x(n +7,)]. 9 o. o p316: B4] 0 | o| i66 
10, 004 o9 fiis] 34 |oo |oo; 79 
IV CASE STUDY AND RESULT ANALYSIS : „o8 | 11 | 04 ‘o0 | 004 | 002| 18 
l l , 12 ' 0.04 | 016 | 098 ' 035 | 00 oo |oo] 159 | 
The algorithm developed above is applied and simulated 13 ‘016| 05913551128; 005/013, 005| Sar, 
with IEEE 14-bus standard test system shown in Fig.5. This 4,004; 017] 1 s 1 [amloo loon] s5 | 
system with 20-lines and 14-bus is modified to 34-bus and . Avan Sed aa bar Riera apie ike sic 


40-line system with the introduction of fictitious nodes, 
which takes care of the line losses. The allocation of 
generators output, both active and reactive power, to system 
bus loads and line losses are computed using (4) to (8) and 
are tabulated in Table V to Table VII. 
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Table VII Allocation of active power to line losses 


Line Loss Shared By | Total 
(MW) Line 

bus | Bas | Gen. No.1 | Gen. No.2 | OS 
at Node 1 | at Node 2 | MVO 


Ca y o 
2% | 0 
0.2 


Loss 


| tea | os | 


ETAETA 
047 | 004 
0o | o | 
007 | oon | 
| 002 
[eae 
| 0.02 
B 
Eo 
0] 


Ty 
ujn d 
: EEN 


—~ 
los 


Line 
ee 
a 
a3 
ze 
5 
Ea 
EN 
12 
13 
16 | 
| 18 
19) 
EN 


© œ 


zf 


| Toma | 1223 | tae | 13.39 


Table VIII Allocation of reactive power to line losses 





Se rte oe 










No, 2 | No. 3| No. 4| No. 5| No. 6 re Line 
at at 


» & 


tke 728 
ewan Ee 
HHH: 
W 4 LAT 


eleieleletelelete|elelelel= EEE 
aeee Ee eae EE 


O'm |o] S 
eletefole [818 Ble l-|-/s |e algi 


JHHE 
© L- a 
= lefe lefs sie leef 


ra 


-16.55 |30.65] 4.68 e51 | 9.96! 1.51 | 0.4 ! 0.24) 314 


V. CONCLUSION 


The pressure towards unbundling and the deregulation of 
the transmission services provided by the utilities are 
increasing throughout the world day by day. The degree of 
actual utilization of the transmission line by generators and 
loads should be confirmed promptly and accurately to 
develop the actual usage based pricing mechanism. In this 
paper a power tracing methodology based on ‘Proportional 
Sharing Principle’ has been developed for a deregulated 
power market. The method allows assessing the impact of a 
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particular generator to a particular load on the power 
system. Contributions of individual generator (or loads) to 
the transmission line losses have been determined with the 
help of ‘Fictitious Node’ method. A Participation Matrix is 
developed such that the elements of this matrix give the 
contribution factors of each generator towards the loads and 
also towards the line losses. The electricity tracing method 
proposed here may be used as a basis for tariff 
determination in the Pool system of operation and may be 
attractive to regulatory bodies to fix up transparent 
technique for usage based network pricing and loss loading. 
In bilateral mode of transactions, effective ways must be 
determined to introduce usage based tariff. This is left for 
further research as future scope of the work. 


APPENDIX 
[Do |= 
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Abstract— The Paper presents Random Early Detection 
(RED) gateways for congestion avoidance in packet 
switched networks. The gateway detects incipient 
congestion by computing the average queue size. When the 
average queue size exceeds a preset threshold, the gateway 
drops or marks each arriving packet with a certain 
probability, where the exact probability is a function of the 
average queue size. RED gateways are designed to 
accompany a transport-layer congestion control protocol 
such as TCP. The RED gateway has no bias against bursty 
traffic and avoids the global synchronization of many 
connections decreasing their window at the same time. 


Key words— RED, Xilinx ISE 5.2i, Model Sim, Virtex. 


I. INTRODUCTION 


INCE the growth of the Internet in the last decade is an 

exponential one. This growth has put pressure on vendors 
to build high performance Internet Protocol (IP) routers with 
capacities exceeding 1 Tb/s. Also, the demand for more 
bandwidth with the advent of network intensive Internet 
applications has made router buffer management a high 
priority[1!]. 

In high-speed networks the gateways are likely to be 
designed with correspondingly large maximum queues to 
accommodate transient congestion. In TCP transport protocol 
detects congestion only after a packet has been dropped at the 
gateway. However, it would clearly be undesirable to have 
large queues that were full much of the time this would 
significantly increase the average delay in the network. 
Therefore, with increasingly high-speed networks, it is 
important to have mechanisms that keep throughput high but 
average queue sizes low [9]. 

RED gateways can be useful in gateways with a range of 
packet-scheduling and packet-dropping algorithms. RED 
congestion control mechanisms could be implemented in 
dropped first when the queue exceeds a certain size. 


2asstt. Prof. EL & Comm. Engg. Dept. M ANIT, Bhopal, India 


Il. OVERVIEW 


In a packet-switched network, a feedback-based congestion 
control mechanism is essential to provide data transfer services 
efficiently. Its main objective is to prevent packet losses in the 
network, and to utilize network resources effectively. The 
Random Early Detection (RED) algorithm is simply a 
congestion avoidance technique. It monitors network traffic 
loads in an effort to anticipate and avoid congestion at 
common network bottlenecks i.e. the scheme kicks in before 
any congestion actually occurs . 


Moreover, RED uses Active Queue Management techniques 
currently deployed in large IP networks. It takes advantage of 
TCP’s congestion control mechanism. Packets are dropped 
probabilistically prior to periods of high congestion (3].Thus 
RED is based on two separate algorithms. The algorithm for 
computing the average queue size determines the degree of 
burstiness that will be allowed in the queue of the router. The 
algorithm for calculating the packet marking probability 
determines how frequently the packets are marked, given the 
current level of congestion at the router. The router marks 
packets at fairly evenly spaced intervals, in order to avoid 
biases and to prevent global synchronization, and also to mark 
packets sufficiently frequently to control the average queue 
size. The RED gateway calculates the average queue size.The 
average queue size is compared to two thresholds, a minimum 
threshold and a maximum threshold. When the average queue 
size is less than the minimum threshold, no packets are 
marked. When the average queue size is greater than the 
maximum threshold, every arriving packet is marked. If 
marked packets are in fact dropped, or if all source nodes are 
cooperative, this ensures that the average queue size does not 
significantly exceed the maximum threshold. When the 
average queue size is between the minimum and the maximum 
threshold, each arriving packet is marked with probability pa, 
where pa is a function of the average queue size avg. Each 
time that a packet is marked, the probability that a packet is 
marked from a particular connection is roughly proportional to 
that connection’s share of the bandwidth at the gateway. 


First the time period for which the router is idle has to be 
taken into account when the average queue size is computed. 
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This is done by estimating the number m of small packets that 
could have been transmitted by the router during the idle 
period[3,9]. 

avg «— (1 — w)” avg, 

where “m” is equal to the queue idle time i.e. current time — 
Start of the queue idle time, divided by the small packet 
transmission time, “s”; “w” represents the queue weight. 

When there is no idle period before a packet arrival, the 
average queue size is computed using the following formula, 

avg «— avg + (q — avg) w, 

where “q” denotes the current queue size.[ 3,9] 

Second as avg varies between min, and max,, the initial 
drop probability, pp, varies linearly from 0 to max,, the 
maximum drop probability: 

Pb +~ M2Xp (avg — miny,) / (maxi, — minn) 

The final drop probability, pa increases slowly as the count 
of number of packets increases since the last marked 
packet:[3,9] 

Pa < pp/ (1 — count: pp), 

this ensures that the router does not wait too long before 
marking a packet. The larger the count, the higher the drop 
probability. The router marks each packet that arrives at the 
router when the average queue size exceeds maximum 
threshold. Another option for the RED router is to measure the 
queue in bytes rather than in packets. With this option, the 
average queue size accurately reflects the average delay at the 
router. When this option is used, the algorithm would be 
modified to ensure that the probability that a packet is dropped 
is proportional to the packet size in bytes: 

pb — max, (avg — ming, / (max, — ming) 
Pp — p ° Packet Size / Maximum Packet Size 
Ps — pp/ (1 - count: pp) 
* Therefore in this case a large FIP packet is more likely to 
be marked than a small Telnet packet. In RED the queue 
weight w is determined by the size and duration of bursts in 
queue size that are allowed at the router. The minimum and 
maximum thresholds are determined by the desired average 
queue size. 


IU FUNCTIONAL DESCRIPTION 


Figure | provides an overview of the system architecture for 
the RED buffer management scheme. It consists of four main 
components: Main Controller, Packet Drop Probability Unit 
‘(PDPU), Random Packet Drop Unit (RPDU) and the Compute 
Random Value Unit (CRVU). Input Interface and the Buffer 
are the other two components. We assume that one cell is 


equivalent to one packet. Therefore unlike variable packet, 


length systems there is no provision for a Packet Segmentation 
Unit before the input interface, which is generally used to chop 
each packet into a number of fixed-length segments (i.e. cells) 
before sending them to the input interface. Similarly there is 
no provision for any Packet Reassembly Unit after the tnput 
interface, which would reassemble the cells back into a packet 
before forwarding them to the next processing unit. The input 
interface has a buffer space to store four cells worth of data. 


The buffer on the other hand can hold a maximum of 1024 
cells. We define a cell arrival event when the cell has been 
completely received in the input interface. As the name 
suggests the Main Controller controls all the components and 
processes in the system. It sends out control signals to 
components which respond with acknowledge signals. It 
determines when and how the other three components operate. 
The PDPU is the important part of the system. It runs the RED 
algorithm and computes the packet drop probability. This 
probability is fed to the RPDU, which determines whether to 
drop the packet, or not. This decision is based on the random 
number generated by the CRVU. The next section looks into 
the four components discussed here in more detail. 


Sub-component Design 


A.Input Interface : RED is essentially a packet-discard 
algorithm. However, the algorithm is run on cells rather than 
packets in this system. The assumption being that every packet 
is equivalent to a cell. There are four concurrent connections 
to the input interface as shown in figure 1. Each of the four 
connections operates at 3.125 Gbps due to 8B10B coding only 
80% of that bandwidth is utilized. Thus each input connection 
operates at 2.5 Gbps providing a total bandwidth of 10 Gbps. 
One cell arrives at an input connection every four clock cycles 
i.e. a total of four cells arrive at the interface. Sixteen clock 
cycles constitute a time slot. Four cells arrive at one input 
connection every time slot. Thus 16 cells arrive at the input 
interface every time slot. The length of a clock cycle is 12.8 ns 
and is computed in the following manner: 

ə] cell is 32 bits in size 

e16 cells arrive at each input connection every time slot which 
are 16 x 32 = 512 bits long 

eThere are 4 concurrent connections = 512 x 4 = 2048 bits 
wide at the input interface 

Total bandwidth = 2.5 x 4 = 10 Gbps 

eTherefore length of each time slot = 2048bits/10Gbps = 
204.8 ns 

eTotal number of clock cycles per time slot = 16 

eTherefore, length of each clock cycle = 204.8ns/16 
ns 


=12.8 


B. Main Controller: 


Figure 2 captures the different states that the Main 
Controller goes through. There are three states namely, IDLE, 
PDPU and RPDU. If the input interface is empty i.e. there is 
no cell arrival, then the cell_ready signal is set to ‘0’ and the 
system stays in the IDLE state. No RED algorithm processing 
is performed. The Controller also stays in the IDLE state when 
the reset (rst) signal is active. 

When a cell is available at the input interface it sends out an 
active cell_ready signal to the Main Controller. The Controller 
in turn sets the sfart_pdrop signal thus moving from the IDLE 
to the PDPU state. In this state the PDPU and the CRVU 
components are activated. 
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The contro! stays in the PDPU state as long as a cell is 
available and the drop_early or the en_q signals are active. 
When a cell is available and the done_pdrop signal is set but 
the drop_early and the en_q ones are inactive the control 
moves from the PDPU to the RPDU state. While the 
done_drop control is ‘O’ and a cell is available the control 
stays in the RPDU state itself. On the other hand when 
done_drop is set then the RED algorithm moves to the PDPU 
state to process the next batch of incoming cells. Moreover if 
at any state either the rst signal is activated or a cell is not 
available then the control immediately moves back to the 
IDLE state and stays in this state as long as cells do not arrive 
at the input interface. 


C. Other Components 

The other three main components include the Packet Drop 
Probability Unit, the Compute Random Value Unit and the 
Random Packet Drop Unit. The PDPU computes the packet 
drop probability. The CRVU works in parallel with the PDPU. 

Both are activated when the Main Controller sets the 
start_pdrop to ‘I’. CRVU uses a random number generator 
function to compute a random number. A random number is 
generated every 2 cycles. This value is ultimately fed to the 
RPDU, which compares it to the packet drop probability, p». If 
the random value is less than or equal to p, then the packet is 
discarded else the packet is sent to the buffer 


Figure 2 Different states of the Main Controller. 


ra=for 
Fi I ready= 0 
IDLE cell_peady = 4 
fart pdrop = 4 
rst= 1 or 
red] ready 2 QO 
rst = 1 or d 
POPU rop_s 
cal Tay =U dome_drap = 4 en 
call _reecty = cells 
done pdrop = 1 
diop_ealy - 0 
en_q»= 0 
RPDU call ready = 1 


ta Urup 0 
pa œl ready = 1 
“wr” 


e E kE kE iss 
RS fi fi fg fg 


TO" MD 


MBIAIBAO arya WOSA 


Easit: Fa) 





Figure 1: RED System Architecture Overview 


IV. DISCUSSION AND CONCLUSION 


There are many areas for further research on RED gateways. 
The foremost open question involves determining the optimum 
average queue size for maximizing throughput and minimizing 
delay for various Network configurations. One area for further 
research concerns traffic dynamics with a mix of Drop Tail 
and RED gateways, as would result from partial! deployment of 
RED gateways in the current Internet. Another area for further 
research concerns the behavior of the RED gateway machinery 
with transport protocols other than TCP, including open- or 
closed-loop rate-based protocols. 


This paper has addressed possible schemes to overcome 
bottlenecks to the present Internet infrastructure especially the 
high-speed routers. It investigated implementation architecture 
for the Random Early Detection (RED) buffer management 
scheme. Here the system architecture for the RED algorithm is 
presented. The architecture is divided into four modules: Main 
Controller, Packet Drop Probability Unit, Random Packet 
Drop Unit and the Compute Random Value Unit. The Main 
Controller issues signals that control the other three modules. 
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The Packet Drop Probability module runs the actual algorithm 
and if necessary computes the packet drop probabilityIf you 
are using Word, use either the Microsoft Equation Editor or 
the MathType add-on (http://www.mathtype.com) for 
equations in your paper (Insert | Object | Create New | 
Microsoft Equation or MathType Equation). “Float over text” 
should not be selected. On other hand the Random Packet 
Drop Unit uses this drop probability and the random number 
generated from the Compute Random Value module to decide 
whether to drop a packet or not. We also looked at simulation 
results from our VHDL design to verify the appropriate 
functions of every component. 


Table | Comparison of Device Utilization between Spartan and 
Virtex implementation :- 
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Table 2 Comparison 
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Abstract-~Traditional power grid analysis is often focused on 
resistive, Le. [R-drop only. Recently, due to the rapidly increasing 
operating frequency, the transient power fluctuation caused by 
Ldi/dt has also become significant. Such resistive and inductive 
drops can cause transient timing failures in the chip. The power 
grid can be modeled as a distributed RLC circuit. The clectrical 
model that represents the grid can be very large (millions of 
components and nodes), thus making on-chip power grid analysis 
a difficult task. Hence, efficient tools for power grid analysis are 
required for the designers in order to analyze this problem. 
Further, in déep sub-micron VLSI chips, when several transistors 
in physical proximity switch simultaneously, a substantial power 
supply drop, known as droop, may occur because of concurrent 
load on a via of the power grid. As a result of lower supply 
voltage, transistors may slow down. Such timing faults are termed 
as droop faults. Modeling of droop faults and the test vector 
generation for such faults require an efficient power grid 
simulator to identify the droop prone vias. In this paper, we 
propose a new efficient technique called closed form analysis for 
faster analysis of power prid to identify such vias considering the 
reduction in supply voltage, increasing frequency and increase in 
integration of devices. Experimental results show that the 
proposed method performs better than the traditional power grid 
simulators soch as Modified Nodal Analysis (MNA) and 
Hierarchical Analysis. 


Key words—Closed form, droop, power grid simulator, via. 


I. INTRODUCTION 


LSI system performance has increased by orders of 

magnitude in the last few decades obeying Moore’s law. 
Continued technology scaling and improving transistor 
performance to increase frequency has made it possible. 
Increasing integration capacity enabled designers to realize 
complex architectures, and reducing energy consumed per 
logic operation to keep power dissipation within limit. The 
technology treadmill will continue and soon provide 
integration capacity of billions of transistors and thus, the 
Number of transistors per unit area of achip will increase 


This woik has been partially funded by Intel Corp., USA. 


progressively with each technology generation. Also, the 
average current per unit area will increase with the increase in 
transistor density. In nanometer design, where the frequency is 
in the range of several GHz, today, we cannot ignore the on- 
chip inductive (Ldi/dt) drop along the multilayer power grid 
anymore. Moreover, power supply voltage is usually scaled 
down with technology resulting in decreased noise margin [1], 
[2]. SPICE simulations show that around 10-15% voltage drop 
may cause 20-30% increase in gate propagation delay [3]. A 
change of 1% in power supply voltage may lead to nearly 4% 
change in delay for most of the 90 nm static CMOS gates [4]. 
Thus, this increase in number of devices has made power 
consumption as barrier. So, this has made the power delivery 
networks in VLSI circuit design a major design challenge. A 
typical VLSI power grid is composed of alternate metal lines 
of power (Vaa) and ground (GND) nets in each layer. The 
upper and lower metal layers are connected by vertical vias. 
Such a power grid with three layers is shown in Fig 1. The Va 
and GND terminals of transistors are connected to the tap 
points at the lower most metal layer, 





Fig. 1. A typical three layer power grid 


Simultaneous switching of transistors connected to the via 
causes maximum current flow through the via and a droop in 
voltage. Voltage droop [5] at the via slows the switching of 
transistors connected to it. If the voltage droop at a via is more 
than stipulated value, then it makes the circuit faulty. To lower 
the total power dissipation, there is also reduction in supply 
voltage and the corresponding reduction in device threshold 
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voltage. Thus the circuits are more susceptible to noise, 
including power bus voltage variations. Also, increased 
density of switching devices and rise in their operating 
frequency has led to power density problem. The rise in power 
density with a simultaneous reduction in power supply voltage 
leads to a large increase in the amount of current that needs to 
be delivered. The current demand is increasing as specified 
above but the supply voltage of modern deep sub micron VLSI 
is decreasing day by day. This results in huge power grids that 
are required to distribute large amounts of current, at 
increasingly lower voltages. The resulting voltage drop on the 
grid reduces noise margin and increases gate delay, having a 
serious performance impact. Reduced noise margins may lead 
‘to false switching at certain logic gates and latches. Higher 
logic gate delays, on the other hand, may slow down the circuit 
enough so that timing requirements cannot be met. Some 
sources of power fluctuation are IR drop, Ldi/dt-drop, and 
resonance issues. The Ldi/dt-drop is becoming significant with 
increasing operating frequency. Hence, to accurately model 
and verify the quality of power delivery, both capacitance [14] 
and inductance [15] should be considered in the power grid 
analysis problem. 

At present modern VLSI circuit power grids are becoming 
performance-limiting factors. Hence, efficient analysis of 
power grids [6-13] is necessary for both predicting the 
performance and improving the performance if possible. For 
analysis of power grids traditional circuit simulation 
techniques are not practical with respect to time and memory 
complexity. Hence, new efficient techniques for power grid 
analysis are to be developed keeping into consideration the 
execution time and memory. In section II we will discuss 
MNA and Hierarchical techniques and in section II we will 
discuss our proposed scheme that we called Closed Form 
Analysis. Experimental results and comparisons are discussed 
in section ÍV. 


I. BACKGROUND 

The method by which circuit equations are formulated is of 
key importance to a computer-aided circuit analysis and design 
program for integrated circuits. It affects significantly the set- 
up time, the programming effort, the storage requirements, and 
the execution speed of the computer program. The method 
which one selects needs to be flexible, computationally 
efficient, and economical with storage. Below we discuss some 
of the techniques for formulating the circuit equations. 


A. Modified Nodal Analysis (MNA) 

Modified Nodal Analysis (MNA)[6] is the most efficient 
way to formulate equations for circuits containing current- 
dependent, linear or nonlinear network elements. The branch 
currents are accurately and conveniently obtained as output of 
MNA. In formulating the circuit equations by using the MNA 
for.a given network, we start with the set of branch currents 
through the voltage sources and through elements whose 
currents are controlling variables, and nodal voltages versus a 
common datum node as variables. Kirchhoff’s current law is 
applied to each node other than the datum node in the circuit 
such that the summation of currents leaving the node is equal 


to zero. The MNA matrix [6} can in general be expressed in 
the form: 


(ED) C) 


where Yp is a reduced form of the nodal matrix excluding the 
contributions due to voltage sources and the current 
controlling elements. B contains partial derivatives of the 
Kirchhoffs current equations with respect to the additional 
current variables and thus contains +1 or -1 for the elements 
whose branch relations are introduced. The matrices C and D 
represent the branch constitutive relations, differentiated with 
respect to the unknown vector. The vectors J and F are 
excitations, which include the initial values from previous time 
steps corresponding to capacitors and inductors. 


B. Hierarchical Analysis 

The run time and memory requirement for solving a linear 
system is determined primarily by size and sparsity of the 
coefficient matrix. If the network is very large (10° -10" 
nodes), the available physical and virtual memory of the 
system is insufficient even for loading in the data associated 
with the network. So, the objective of this approach is to 
reduce the size of the problem. This objective is met by 
partitioning the given network into sub networks of 
manageable size, and solving the network by solving the sub- 
pieces individually. Since the entire network is tightly 
connected, we cannot ignore the interaction between the 
various partitions. So, in order to account for the interactions 
between the partitions, while at the same time not enlarging the 
size of the problem at hand, models are used for the partitions 
that capture their behavior as observed at their interface nodes 
(also called ports). We refer to these models as macromodels 
[7], [8]. A macromodel is a multi-port linear circuit element 
that has the same linear relation between the voltages and 
currents through its ports as the partition itself. With 
macromodels for partitions available, the original 
(unpartitioned) network is efficiently solved after replacing the 
partitions by the respective macromodels, as the macromodels 
are much smaller in size than the partitions themselves. 


IM. CLOSED FORM ANALYSIS 

An equation is said to be a closed-form solution if it solves a 
given problem in terms of functions and mathematical 
operations from a given generally accepted set. Once we 
formulate the circuit equations using MNA, we can find the 
nodal voltages and currents in the circuit at different 
timestamps by iteratively solving them. Usually, in most of the 
cases, we want the nodal voltages and currents after particular 
number of time steps say n. For this, we need to iteratively 
solve the MNA equations n times. But, by the closed form 
analysis of circuit, we can overcome this problem by directly 
finding the nodal voltages and currents in the circuit after n 
time steps. In this section, we present a method to do closed 
form analysis with some assumptions. Using MNA, we get the 
circuit equations in the form of AX = B where X is the 
unknown vector of nodal voltages and currents. Once the 
matrix A is formed, it is constant through out the iterations. 
Matrix A depends on the given circuit and the time step. But 
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vector B depends on the present time point voltage source and 
current source values and previous time point unknown vector. 
This can be inferred from the formation of MNA equations. In 
our power grid simulation, we use the DC voltage source and 
DC or AC current sources. Let us assume that we have all our 
current sources in our model as DC. Then, at any time step, 
vector B depends on the previous time step unknown vector 
and have some constant added to it that depends on the voltage 
and current sources. Initially, we obtained matrix A and vector 
B; by using MNA method. On solving AX; = B;, we got X;. At 
next time step, matrix A will not be changed but rhs i.e., vector 
B will be changed. For next time step, rhs can be written as 

B,= K + VX; (1) 
where X is vector that depends on voltage and current sources 
and V is matrix which depends on capacitors and inductors. It 
is advantageous to consider the contributions of each circuit 
element to the V matrix and K vector separately. The element 
rubber stamps given in table I corresponding to the circuit of a 
general node shown in Fig. 2 summarize the contributions for 
each type of element, where BR refers to the additional branch 
relation. The matrix V and vector K can be generated by using 
the element stamp table I in a straightforward manner. For a 
given circuit, the dimension of the matrix V is same as that of 
the matrix A and the dimension of the vector K is same as that 
of vector B formed by MNA. The construction of matrix V and 
vector K can be done along with that of matrix A formed by 
MNA. 





Fig. 2. A general node 


For next time step, the unknown vector can be written as 


X: = A"(K + VX;) (2) 
we can write n™ time step rhs as 
B, = K + VX; (3) 


and unknown vectors at successive time steps as 

X; =A (K + VX2) 
or, X= A'K +A’VA'K + A'VA'V X; from Eq.(2) 
Therefore, X; = (I + AV) A'K + (A VFX; (4) 
where / is the identity matrix of dimension same to that of 
matrix A. 


X,=A"(K + VX3) (5) 
From 4 and 5, we can write 
X= (+ AlV + (AVP) ATK + (AU VX, (6) 


On generalizing the above equations, we can write unknown 
vector at n™ time step as 

X, = (1+ ATV + (ATV)? +... + (ATVI?) ATK + (AT VEX, 
Xn = ((A'V)™I—-IXATV -IAK + (A V)" X, (7) 
Using above result, we can find n™ time step unknown vector 
without finding the intermediate time point unknown vectors. 
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Fig. 3. Partition in a simple electric circuit 


A. Modified Nodal Analysis 

We have implemented MNA using C. We are able to handle 
matrices of size up to 15000. The Table H gives the Results of 
C simulation for different sizes of circuit given in Fig. 3. In 
Tables II and NI, # of elements in column | gives the count of 
each type of circuit element in the circuit. The size of the 
resulting matrix in column 2 is the total number of MNA 
equations formed, i.e., the size of matrix to be handled. The 
column3 reports the time taken to solve the matrix and the 
column4 reports the number of times the MNA equations are 
iteratively solved. 


TABLE Il: Results of MNA 


[—F Blements | Mate size 
BOER, 1000C. 10001, 1000 | 5000 | 





Matrix size 







15000 





Fig. 4. An equivalent electhic cncuit of powe: grid and with hicratchical 
partition indicated by ellipses 
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In our simulation with C, we used LU Decomposition with 
partial pivoting to solve system of linear equations. Efficient 
methodology of solving linear equations either serially or 
parallel, keeping accuracy, can decrease the time spent by C 
simulation. As our purpose is power grid simulation, we 
simulated the power grid shown in Fig.4 with 3 metal layers 
for different sizes. Table IU gives the results of C simulation 
for different sizes of our concerned power grid circuit. 


TABLE II: Results of MNA for Fig.4 


2200 2400C. 2500L, 4oor] 10000 | a8 | 3 
Rorbandled| 


B. Hierarchical Analysis 

The macromodeling approach in hierarchical technique 
provides a significant speed-up as the creation of macromodels 
for the partitions can be performed in parallel. The input to 
this simulation is MNA format of each partition of the 
electrical circuit added with some labels. The equivalent 
circuit of power grid considered for simulating is partitioned 
as shown in Fig.4. To analyze the circuit shown in Fig.3 using 
hierarchical method, it has been partitioned as shown by the 
ellipses. The real time used by hierarchical simulation mainly 
depends on the maximum size of all the grids. Proper 
partitioning of circuit will improve the execution time. 
Simulation results of the circuit shown in Fig.3 are given in the 
Table IV. Table V gives the real time used by the simulation 
done using hierarchical technique on the circuit shown in 
Fig.4, 











TABLE IV: Results of Hierarchical Simulation for Fig.3 


Before Reduction 
DCN sr | we | mT 
mL | — [a 
a a. | Tl | 


TABLE V: Results of Hierarchical Simulation for Fig.4 


E Ekements Mam size | Tame (min) | Reduced Metrix Size | Time (Seconds) 
Before Reduction 

RC we | wT 
ee. o | w]e 
In Table IV and V, column 2 reports the matrix size before 
reduction that is same as the size of matrix formed in case of 
traditional MNA, the column 4 reports the maximum of the 
partition sizes in hierarchical analysis on which execution time 
or storage requirement depends and the column 3 and the 
column 5 reports the execution time taken by traditional MNA 
and Hierarchical analysis respectively. Hierarchical simulation 
can handle any number of elements but the maximum size of 
the matrices should not cross 15000. As specified in the 















algorithm of hierarchical analysis, we use the files and so limit 
of file size should also be considered. The results shown above 
are for one iteration. Unlike to traditional MNA, hierarchical 
takes same time for any successive iteration. So, time required 
increases linearly with the number of iterations unlike to 
traditional MNA. 


C. Closed Form Analysis 

Time complexity of this algorithm is O(max((size)’, 
(sizey’ 7log(n))) where size is the size of the matrix A and n is 
the number of iterations. The time complexity of traditional 
MNA is O(max(size)’, (size)”). So depending on the problem, 
we can select one of these methods. If we need to perform 
more number of iterations for smaller matrix sizes, better to 
use the closed form analysis. So, if matrix size is comparably 
larger to that of number of iterations, then closed form analysis 
takes less time compared to that of traditional MNA. The 
execution time of simulation of closed form technique against 
MNA simulation on different sizes of network of Fig.3 and of 
Fig.4 for different iterations is given in the Table VI. The 
disadvantage of hierarchical method over traditional MNA, 
i.e., linear increase in time with number of iterations, can be 
overcome if we combine hierarchical method with closed form 
analysis. It may be noted that, as the number of iterations 
increases, the accuracy of the result gets worsened. 


TABLE VI: Results of Closed Form Analysis 


Matrix size | Time in Seconds(MINA,Closed Form) | + Iterations 
ata) 
2212 (3 







Ma an ee dimata - 





ot nine m 


D. Comparisons 

We have already mentioned that, the method by which circuit 
equations are formulated affects the storage requirements, 
execution time of the program and the accuracy of the result. 
In this section with these parameters we will compare MNA, 
Hierarchical and Closed form techniques. Hierarchical analysis 
takes much less space compared to any other simulation, as the 
storage needs depends on the maximum of the partition sizes. 
Closed form analysis takes double the storage that needed by 
the C simulation of traditional MNA, as we need to find 
matrices (AV — 1)’ and V, which requires more memory. But 
as the number of iterations increases, closed form analysis will 
perform faster. Due to repetitive multiplication of matrices in 
closed form analysis, it gives accuracy only up to 10° for 32 
iterations. 


TABLE VII Comparison of MNA and Hierarchical Analysis 
07 we ND 


3000R. 3000C, 3000L, 3000F Not Handlec 9000,600 minutes 160MB 


The execution time and storage requirement comparison 
between traditional MNA and hierarchical analysis is given in 
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Table VHE. Each entry in Table VII gives the maximum size of 
matrix to be handled, time and storage area required to execute 
networks. Size with the hierarchical analysis depends on the 
partitioning style of that circuit. Traditional MNA by C 
simulation and closed form analysis comparison is given in 
Table VII. 


TABLE VHI: Comparison of MNA and Closed form Analysis 
Closed Form Analysis 
(time in Seconds 
, memory in KB) 

250 















V. CONCLUSIONS 

The problem of power dissipation in the power delivery 
network is one of the challenges in nanometer technology. The 
RLC model of power grid has been simulated by various 
techniques discussed in the previous sections. The MNA 
approach is the basic method for formulating circuit equations. 
The hierarchical modeling offers an alternative approach to the 
traditional nonhierarchical analysis method, capable of 
handling the increasing size of power grids. Closed form 
analysis is totally new of its kind, used when the intermediate 
time points nodal voltages and branch currents are not 
required. Experimental results show that as the number of 
iterations increases, the proposed closed form analysis will 
perform better. Hence, it might be used as a potential tool for 
the detection of droop prone vias. 
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Abstract. Data compression is always a critical issue in the 
application areas such as storage and communication. Huffman 
presented a lossless coding technique to compress data into a 
smaller form based on the fact that some characters are used 
more frequently than the others. In this paper a modified 
Huffman technique which provides solution to the two inherent 
drawbacks of basic Huffman coding: wastage of memory in Look 
Up Table (LUT) due to progressive scattering of the Huffman tree 
and long search time required to determine the symbol from the 
LUT is described. Very High Speed Integrated Circuit (VHSIC) 
Hardware Description Language (VHDL) model of the modified 
Huffman Decoder is presented. Two buffer memory blocks 
required to model the decoder is done using the embedded RAM 
(Block RAM) of Xilinx Spartan-3 Ficld Programmable Gate 
Array (FPGA) chip. Simulation result of the decoder is obtained 
using ModelSim XE-III software that endorses the satisfactory 
functioning of decoder. Finally, the VHDL model is implemented 
on Xilinx Spartan-3 FPGA kit. Resources of the FPGA chip 
required to implement the decoder is presented. Estimated power 
consumption of the design is also computed. 


Key words—- FPGA, Huffman Coding, LUT, VAIDL. 


I. INTRODUCTION 


ATA compression reduces the space needed for storage 

of data, and reduces the bandwidth (or amount of time) 

required for transmitting the data over a communication 
medium. The Huffman coding [1] creates variable-length codes 
that are an integral number of bits. Symbols with higher 
probabilities get shorter codes. It is represented by an inverted 
root tree called Huffman tree. From implementation point of 
view the basic Huffman coding scheme suffers from two 
drawbacks: wastage of memory in Look-Up Table (LUT) due 
to progressive scattering of the Huffman tree and long search 
time required to determine the symbol from the LUT. This 
paper describes a modified Huffman technique [2] which 
provides solution to the two problems of the basic Huffman 
coding technique. 
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Decoding algorithm of the said technique is described in the 
form of block diagram. The modified Huffman decoder 
consists of three major operational blocks namely: Buffer 
RAM, Address Generator and Symbol Generator. In this paper 
Very High Speed Integrated Circuit (VHSIC) Hardware 
Description Language (VHDL) [3] model of the modified 
Huffman Decoder is presented [4]. The VHDL models of the 
three individual blocks of the decoder are separately described 
in the form of flow charts. The memory buffer required in the 
Buffer RAM block is modeled using 1k X 16 bit dual port 
embedded RAM (Block RAM) and the LUT RAM of Symbol 
Generator block is modeled using another 1k X 16 bit single 
port Block RAM (BRAM) of Xilinx Spartan-3 Field 
Programmable Gate Array (FPGA) chip [5]. Software 
simulation of each block is accomplished using ModelSim XE- 
II software, Finally, all the VHDL models are implemented 
on Xilinx Spartan-3 (Device XC3S400) FPGA kit. 


H. MODIFIED HUFFMAN CODING TECHNIQUE 


In order to reduce the memory requirement and to make the 
decoding procedure efficient a special Huffman tree called the 
Single-Side Growing Huffman Tree (SGH-Tree) [2] is 
adopted. SGH-Tree is a kind of Huffman trees whose growth 
is directed toward one side of the tree. To avoid inefficiency in 
situation when Huffman tree grows, a clustering technique has 
been adopted. With clustering, an SGH-tree is partitioned 
every L levels to reduce the memory size. Only with L bits 
from the coded data stream are used to read the code word 
table. As a result the method shows better efficiency. 

Fig. | shows a SGH based Huffman tree, T that is clustered 
in every 2 level and thus 3 clusters are generated. A table is 
assigned to each cluster. Each entry in the table provides two 
pieces of information: MSB specify whether a terminal node in 
the cluster represents an actual tree terminal node (MSB = 0), 
or the node is just being cut by a cut line (MSB = 1). In the 
later case the node is a connecting node between two clusters. 
The second part of the data in the table provides the 
information about the location of the node in the memory, 
assigned to the Huffman LUT. 
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Fig. 1: A SGH based Huffman tree and its clustering. 


Table I: Combined Huffman table 
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Table I shows a combined Huffman table [6] construed from 
the small LUTs which are attached to each cluster for 
maximum code word length up to 13 with cluster length L=4. 
Each entry in Table I consists of three pieces of information: a 
single (MSB) bit designated as the symbol or no-symbol code. 
The second piece of information is a two-bit code specifying 
the length of the relevant codeword or the length of the next 
associated cluster (plus one). The last piece of information, 
given as part of each entry in the LUT, is either the source 
code (Symbol) or the address to the next cluster. 


Il. OPERATIONAL BLOCKS OF MODIFIED HUFFMAN DECODER 
16 8 Symbol 





Fig. 2: Block diagram of modified Huffman decoder 


Fig. 2 shows the operational blocks of the modified Huffman 
decoder. The decoder consists of three major operational 
blocks, namely; the Buffer RAM block, the Address Generator 
block, and the Symbol Generator Block. The Buffer RAM 
block receives compressed code stream, converts into a sixteen 
bit code word called code part and then sends to a buffer 
RAM. The Address Generator is the second and most 
unportant operational block in the decoder. This block 


receives the 16-bit code part from buffer RAM, slices them 
into partial or full code words, and generates the address for 
the source code memory (Huffman symbol LUT). Symbol 
Generator is the third block that consists of a RAM, containing 
the source codes and their offset (cluster) addresses in a format 
addressable by the code words and a DeMUX which is used to 
separate the source codes (Symbol) from the offset cluster 
addresses (Y). 


A. Buffer RAM Block 


The Buffer RAM block consists of a 16-bit Serial In Parallel 
Out (SIPO) shift register that receives the compressed code 
stream serially from the input and delivers them in 16-bit 
format, called code part, to the Buffer RAM. The address to 
this RAM is prepared by Input Address Generator block which 
is basically an 8-bit counter. The counter increments each time 
a word is written into the memory. The Buffer RAM is used to 
regulate the data flow and to provide codes for processing 
without any interruption. This is necessary because while the 
input data is received in a constant rate, it may not get 
processed with the same rate. This is due to the fact that the 
variable length coding scheme, used in the Huffman coding, 
may consume the code bits in a different rate. 

To access the Buffer RAM we need to first read-enable the 
RAM and then read one 16-bit code part slice ata time. 
The read address of the Buffer RAM is generated by the 
Output Address Generator Block and it works in similar 
manner as that of Input Address Generator. The output of this 
block is a 16-bit code part. 





Fig. 3: Detailed view of Buffer RAM block 


B, Address Generator Block 


The Address Generator block is the heart of the Huffman 
decoder circuitry. This block, shown in Fig. 4, is aimed to 
generate the address for the symbols in the LUT, and also to 
identify the corresponding codewords within the input bit 
stream. The process of the address generation starts by 
partitioning the 16-bit code part into equal sized groups, with 
group size L (= L’ — 1) and in present case, L’ =4. The input 
data (in the A register) is partitioned into four groups of 4-bits 
each, and the entire input data is simultaneously transferred 
into another register B, consisted of four 4-bit registers Bo, B4, 
Bz, and B3 as shown in Fig. 4. In the next step four parallel 
4-to-! multiplexers are used to select one of the B, registers, 
for i= 0, 1, 2, 3 and to transfer the data from one B, into a 7- 
bit register C. This is done through a barrel shifter. For this 
purpose a two bit down counter is used which starts from 3 and 
count down to 0. As a result, B; to By are loaded in Register C 
in descending order. The barrel shifter used for this purpose is 
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designated as K and the operation is explained with the help of 
Fig. 5. Depending on how far the code-bits are consumed, 
Barrel shifter K transfers the data from a B, to C, filling a 4-bit 
slot within the C register. The filling is done immediately to 


the right of the last valid bit in C. 
16-bit Code Part 
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Fig. 6: Barrel Shifter L operation 

_Now, LUT relative address will be generated. First we 
recognize that the word-length of the LUT relative address, i.e. 
L’, is either being given an initial value (= 4) for the start, or it 
is obtained through an earlier process, fed back from the 
Symbol Generator block. With L specified another barrel 
shifter, (Fig. 6) is used to transfer the desired code bits from 
the C register into the D register. 





The shift parameter K is determined from L using the 
relation K = one’s complement of L. Now, to generate the 
actual (absolute) address for the LUT, a 6-bit adder is used 
which adds the LUT relative address from the D register with 
the LUT offset address Y from the Symbol Generator block. 
The output W, resulted from the adder, is stored into the LUT 
Address Register and is subsequently used to access the LUT 
RAM, located in the Symbol Generator Block, as shown in 
Fig. 7. 


C. Symbol Generator Block 





Y Symbol 
Fig. 7: Detailed view of Symbol Generator block 


The Symbol Generator Block is the third operational block 
that produces either the relevant source code (Symbol) or the 
address (Y) to a particular cluster (memory block) for next 
search. The LUT RAM contains the entire Huffman LUT 
shown in Table I. The processing in this block starts when the 
address W is received from the Address Generator Block. The 
address code W is a 6-bit word which fetches an 11-bit data 
from the LUT RAM to the data bus. This data is the 
concatenation of three pieces of information as described in 
Table I. A DeMUX block is used to distinguish the symbol! 
from the cluster address with the help of S, 


IV. VHDL MODELING OF MODIFIED HUFFMAN DECODER 


The VHDL model of each block is presented in the form of 
flow chart. 


A. Buffer RAM Block 


Buffer RAM block utilizes one of the dual port Block 
RAMs (BRAM) of Xilinx Spartan-3 FPGA as memory buffer. 
Clock_circuit2 is another VHDL program which is port 
mapped to buffer_ram program to divide the clock frequency 
by 16 (i.e. CLK16 = CLK + 16). RAMB16_S18_S18_ inst is 
the process to access the BRAM. 


B. Symbol Generator Block 
This block utilizes another single port BRAM of the FPGA 
to store the Huffman LUT shown in Table I. 


C. Address Generator Block 


Clock circuit3 is a VHDL program used to generate CLK4 = 
CLK/4, YDASH, YDDASH AND YDDDASH are the delayed 
version of Y used to match with the timing of other parameters 
like V, L etc. 
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Fig. 8: Flow chart of Buffer RAM block 
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Fig. 10: Flow chart of Address Generator block 


V. SIMULATION RESULT OF VHDL MODEL 


Simulation result of each of the three blocks of modified 
Huffman decoder is presented in the form of waveforms 
obtained using ModelSim XE-MI software. 


A. aula RAM Block 
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In Fig. 11, the first code part available at the input is 
1001101010001110 and it is stored in the memory location 
00000001. Similarly the second code part 1100000000001 111 
is stored in memory having address 00000010. 


B. Address Generator noor 
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Fig. 12: Simulation waveform of Address Generator block 


As shown in Fig. 12, the first 16 bit code part is 
PLLLELLILLILLLLEL. MOX_OUT value is 1111 for the all four 
CLK4 events. Initially L value is chosen to be 11. So K = 00. 
With K = 0, C(6:3) are loaded with 1111 in the second CLK4 
event. In the 3" CLK4 event this code part J 111 is loaded in 
register D. In this same CLK4 event, contents of D are added 
with (YDDDASH) to produce W, (= 1111). Similar 
observation can be made for other CLK4 events also. 


C. Symbol Geiergior ee 
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Fig. 13: Simulation waveform of Symbol Generator block 


The first address assigned to the block is 000000 as shown 
in Fig. 13. This address fetches the content of first location 
from the BRAM which is 0-01-00, Since the first bit 0, this 
location contains the symbol which is OOH and the length of 
the code word is 2. As shown in Fig. 13, the symbol line is in 
High Impedance (Hi Z) when the address is 001110. This is 
because of the fact that the memory location addressed by 
001110 contains the data 1-01-10. Since S = I, there is no 
symbo! present in this location. Absence of symbol is indicated 
by Hi-Z condition. The 2nd data 01 indicates that two bits are 
to be sliced out from the input code part to generate new 





relative address. This relative address is added with the 
previously generated offset i.e. 10H to generate the next 
physical address. 


VI, FPGA IMPLEMENTATION OF VHDL MODEL 


VHDL models of the modified Huffman decoder are 
implemented on Xilinx Spartan-3 (Device XC3S400) FPGA 
kit. The HDL Synthesis Report and Device Utilization 
Summary [7] (generated using Xilinx Synthesis Technology, 
version G. 35, a Xilinx tool that synthesizes HDL designs) of 
all the three modules are combined and presented in tabular 
form in Table I. 

It is evident from the table that very few resources of the 
Xilinx Spartan-3 FPGA are required to implement the said 
decoder thus keeping the provision to implement other circuits 
of the receiver on the same chip. Large number intermediate 
signals are used as I/O ports in the model (which consumes 
bonded IOBs) to verify the internal operations which will not 
be required in the actual design. The estimated power 
consumption of the complete decoder is found to be 735 mW 
(245 mW per block) using XPower Software. 


Table II: Combined HDL Synthesis and Device Utilization 
Report 


Dovice Utibrethon Summary 
Selected Device 3s400pq703-5 


Number of Siceo 69 ow of 3584 2% 
Number of Skos Fip Flops $7 ow of 7168 1% 
Number of 4 mput LUTs 75 oof 7168 1% 


Number of bonded lOBs 114 outof 141 20% 
# TRLSTATES 
E-bit tnestate buffer i Number of OCLKa 1 outof 


The successful operation of the circuit is physically verified 
using input toggle switches and output LEDs attached to the 
kit. The system clock frequency is lowered from 1MHz to 
approximately 1Hz for this purpose using another VHDL 
program for frequency division by 2”. 
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Abstract—Hardware/software partitioning is a crucial problem in 
embedded system design. In this paper, we provide an alternative 
approach to solve this problem using Particle Swarm 
Optimization algorithm. Performance analysis of the proposed 
scheme with Integer Linear Programming, Genetic Algorithm 
and Ant Colony Optimization technique has been compared using 
standard benchmark datasets, and the computer simulations 
reveal that the proposed approach outperforms all the meta- 
heuristic based existing techniques with respect to cumulative 
runtimes for several runs of the same program. The Integer 
Linear Programming has been found to yield the optimal 
solutions, and the proposed swarm scheme yields sub-optimal 
solution, sufficiently close to the reported results obtained for 


integer programming, 


Key  words—Genetic Algorithm, |§Uardware/Software 
Partitioning, Integer Linear Programming, Particle Swarm 
Optimization 


I. INTRODUCTION 


N embedded system is a computing system rather than 
esktop computers/laptops/palmtops, capable of reacting 
spontaneously with sensory inputs in real time and designed 
for dedicated applications. Typical applications that employ 
embedded systems include fax machines, copiers, printers, 
scanners, cash registers, alarm systems, card readers, mobile 
phones, digital cameras, washing machines, DVD players, 
speech recognizers and many more. Like typical computer 
systems, embedded systems too include hardware and software 
components. In other words, it is common to use both 
application-specific hardware accelerator circuits and general- 
purpose programmable units with appropriate software for 
embedded system design. Usually application specific 
hardware is much faster than software and also more power 
efficient, but expensive at the some time. Software, on 


the other hand, is cheaper, but slow and consumes much power 
when implemented on a general purpose processor. Hence for 
faster realization or power-critical situations, hardware based 
systems are preferred, whereas non-critical modules of 
embedded systems are realized in software. Consequently a 
trade-off between cost, power and performance needs to be 
devised to realize an embedded system on a mixed 
hard ware/software platform. 

Among the most crucial steps in embedded system design, 
partitioning, that is, deciding which components/modules of 
the system should be realized on hardware and which ones in 
software is a fundamental problem. This is referred to 
hardware/software partitioning problem in embedded systems 
literature [1]. Traditionally hardware/software partitioning was 
accomplished manually. However, with the increased 
complexity in embedded systems, researchers currently prefer 
an automatic approach to handle this problem. 

Classically there exist two approaches, exact and 
heuristic, to handle the hardware/software partitioning 
problem. The exact algorithms include branch and bound [2], 
dynamic programming [3], [4] and integer linear programming 
[1], [5], [6]. Most of the partitioning algorithms in the existing 
literature, however, are heuristic. This is due to the fact that 
partitioning is an NP hard problem, and therefore exact 
solutions tend to be quite slow for bigger dimensions of the 
problem [2], [7]..Among the well known heuristic based 
algorithms, Genetic Algorithm (GA) {8-11}, simulated 
annealing [12-14], tabu search algorithm [12], greedy 
algorithms [15], [16] and Ant Colony Optimization (ACO) 
[17] are most common. 

Besides the heuristic algorithms referred to above, 
sometimes family of heuristics such as hierarchical clustering 
[7}, 118], [19], , [20]. Kernighan-Lin heuristic [21] are equally 
useful for application in partitioning problem. Scheduling best 
algorithms, which could be the third variety of partitioning 
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algorithms, have also been used in the recent literature [6], [9], 
[15], [22], [23]. 

In this paper, we propose a meta-heuristic algorithm, 
which was originated from the sociological behavior of the 
intelligent creatures such as eagles, bees, ants. These creatures 
compete for food and thereby follow a dynamics to obtain 
optimal food from a given pool of resource food-grains. Such 
algorithms based on the collective behavior of these creatures 
are referred to as swarm intelligence algorithm. Particle 
Swarm Optimization (PSO) is one such well known swarm 
intelligence algorithm. In PSO, we define particles to represent 
agents to search optima of a given non-linear and rough search 
landscape. Classical optimization techniques that employ 
derivatives to find optima cannot be used in many engineering 
problems because of several discontinuities of the search 
surface. PSO is a possible scheme to determine optima for 
such engineering optimization problems. Hardware/software 
partitioning problem can be formulated as an optimization 
problem, and multi-agent search such as PSO can be invoked 
to find optimal solution to the partitioning problem. Here each 
particle position denotes a trial solution to the problem. Trial 
solutions are iterated using the steps of the PSO algorithm to 
determine better candidate solution and the process is repeated 
until no further improvement in solution is detected. The 
position of the best particles at this stage is considered as the 
final solution to the problem. 

In this paper, we compare PSO with ACO, GA and other 
heuristic/meta-heuristic algorithms using standard benchmarks 
available in the literature, and note that PSO outperforms all 
the existing algorithms. 

The paper has been divided into six major sections. 
Section 2 offers a formal definition to the problem. In section 
3 we briefly outline the main steps of the PSO algorithm, and 
also illustrate the scope of PSO in _hardware/software 
partitioning problem. Computer simulation and comparison 
with other heuristic/meta-heuristic algorithm are presented in 
section 4 and conclusions are listed in section 5. 


Il. FORMAL DEFINITIONS 


Arato et al. [8] formalized the hardware/software partitioning 
problem by an undirected graph G = (V, E), where V denotes 
the set of vertices and E denotes the set of edges. The vertices 
refer to tasks, and edges refer to communication between the 
selected pair of vertices. They took an attempt to partition the 
set of vertices V into Vy and Vs, where Vy denotes the tasks to 
be realized on a hardware and Vs denotes the tasks to be 
realized on software. Obviously Vy N Vs = Ø and Vy U Vs = 
V. In this paper, we, however formalize the hardware/software 
partitioning problem by using a task graph following 
Marwedel [24]. 

A task graph is a directed graph consisting of 
nodes/vertices V and edges E. Thus the task graph T = <V, E> 
where V = { Vj, Va, ...... , Vn} denotes the set of tasks and E = 
{e,} for i, j = 1 to n denotes the set of edges from veitex i to 
vertex j. The edges here refer to dependencies. In other words, 
the existence of a directed edge e, indicates that task 
representing node i has to be executed prior to execution of the 
task denoted by node }. 


UI. HARDWARE/SOFTWARE PARTITIONING BY PARTICLE 
SWARM OPTIMIZATION ALGORITHM 


In this section we first briefly outline the particle swarm 
optimization (PSO) algorithm, and then demonstrate the scope 
of the algorithm ın the partitioning problem. 


A. Classical PSO Algorithm 


Motivated by the behavioral and sociological characteristics 
of bees and flies, Eberhartt and Kenedy [25] proposed the PSO 
algorithm. It has been observed that bees usually identify their 
food by a collective effort. The dynamics of a bee to move 
towards the target position (location of food resources) 
depends on three factors: i) the current direction of its motion, 
ii) the global best position identified by all its fellow bees until 
this time, and iii) the local best position that the bee has 
experienced so far. 

Let 

X, be the current position of the ith bee at time t, 
V;( be the velocity of the ith bee at time t, 
p, ' (t) be the local best position experienced by the ith bee 
until time t, 
pf (t) be the global best position of all the bees at time t, 
the dynamics of the ith bee then can be described by the 
following two equations: 


vi (t) = w v,(t— 1) + (p(t) — x, (t)) + oF (pF (0) — x ©) (1) 
xi (t) =x, (t— 1) + vi (t) (2) 

where w, & and œf denote the inertial velocity, local 
acceleration coefficient (LAC) and global acceleration 
coefficient (GAC). The second equation apparently seems to 
have unmatched dimensions on the two sides of the equality. 
The confusion regarding dimension can be resolved by 
considering the following interpretation: 


x ()=x(t-1)+(t-t- v O 
The coefficient of the velocity term in the last equation 
being one is implicitly mentioned by the original equation (1). 
The PSO algorithm has been used for solving 
optimization, search and machine learning problems. In this 
section, we would like to illustrate the scope of PSO in 
optimization problems. Classical optimization problems 
usually require computing partial/total derivatives of the given 
objective function to be optimized. Unfortunately, in many 
engineering and scientific optimization problems, the surface 
of the non linear objective function being discontinuous at 
several points, derivative based optimization techniques can no 
longer be employed for such problems. PSO ıs one such 
derivative free optimization technique, where given the 
objective function, we can determine the optima by executing 
the PSO algorithm. For convenience let us consider a simple 
two dimensional surface z = x,” + x2”, which has the minima at 
the origin; (0, 0). To make the PSO amenable for such 
optimization problem, we define 
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f= d + X2 i 
as the fitness function, which will measure the fitness of a 
particle in the PSO algorithm. 

The ants/bees/swaps in PSO algorithm are modeled by 
particles. Suppose a number of bees are left on a surface z = 
x1? + x2 °, where they have a food resource at the origin, the 
minima of the surface. Here, each bee (or the particle) has two 
dimensions x; and x, and they can measure their height by 
evaluating f = x,’ + x, *, Each particle in his trial motions over 
iterations remembers its local best position so far attained, and 
reports the local best position to a black board manager who 
determines the minimum of the local best positions attained by 
all the particles at the end of a iteration. The particles change 
their position following the basic PSO dynamics presented in 
equations (1) and (2). The basic PSO algorithm is outlined 
below. 

Algorithm PSO 
Input: Initial position x; (0) and velocity v, (0) for each 
particle i, 
The fitness function f (¢); 
Output: The global best position attained by the best 
particle; 
Step |: For each particle 1, 
Evaluate f (x,); 
If fı (K) <p,’ (0), 
p: (t) —n, (0, 
end for; 
p" (t) <-Min (p, ' (t)); 
Vi 
Step 2: Evaluate the particle’s next position by executing the 
basic PSO equations (1) and (2) in order. 
Step 3: Repeat steps | and 2 until convergence occurs by 
exhibiting |x, (t) - x, (t~ D| < 8, Vi, where 5 is a pre- 
assigned small positive number. 


B. PSO in Hardware/Software Partitioning Problem 


The PSO can be employed for hardware/software 
partitioning problem. Here, we consider each particle to be n 
dimensional, where n denotes the number of tasks on the given 
task graph. 


T H Ta T; l y ie 


HCOE 


Fig. 1: Representation of a particle by a n-dimensional string 


Tasks 


Fig. I provides one way of representing a particle by a n- 
dimensional binary string, where a “1” and a “0” respectively 
denote hardware and software representation of the task. 

Each particle thus attempts to determine the optimal 
solution for the hardware/software partitioning problem. The 
fıtness function of the ith particle is defined by 

N 
F, = 3 Ay Ty (3) 
j=! 


where A, denotes the area required for the VLSI 
implementation of the task and T, denotes the execution time 
on that platform. When the task j is realized on software, A, is 
considered unity and T, denotes the execution time of the task 
on a given software platform. 

The particles thus traverse in a N-dimensional space of 
tasks, and attempt to determine the optimal solution by 
minimizing the fitness function. The local best position and the 
global best position here refers to the best position of a particle 
with respect to smaller fitness function locally and globally 
respectively until the current iteration. The solution for the 
classical hardware/software partitioning problem is obtained 
by identifying the position of the best particle that has the 
smallest fitness function. Each dimension of the ith particle in 
the present case being binary (J for hardware and O for 
software realization), the solution for the best particle is a 
binary string describing the hardware/software realization of 
all the n tasks. 


IV. COMPUTER SIMULATION 


A computer simulation of the PSO, ACO, ILP and GA was 
performed for the proposed hardware/software partitioning 
problem using three standard benchmarks, such as IDEA, RC6 
and MARS, and the results of the cumulative runtimes and cost 
of the solutions found by the algorithms are plotted in Fig. 2 
and 3 respectively. It is known that ILP always find the 
optimum [26], so we were interested to examine the 
performance of the meta-heuristic algorithms: GA, PSO and 
ACO that can give rise to a near-optimal solution, acceptable 
to embedded system designers. This is due to the fear that ILP 
is too costly to realize for its massive computations. An 
examination of Fig. 2 reveals that PSO outperforms all meta- 
heuristic algorithms from the point of views of cumulative 
runtimes. 
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Fig. 2 Results of computer simulations for cumulative running 
time of the algorithms on benchmark problems. 


Cumulative cost of found solutions in each benchmark is 
given in Fig. 3. A look at Fig. 3 reveals that the cumulative 
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cost, which gives a measure of the quality of solution, is found 
to be the best for ILP and next for PSO. So, the role of PSO as 
a meta-heuristic to the partitioning problem becomes evident 
from the results of computer simulations. 
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Fig. 3 Results of computer simulation for cumulative cost of 
found solution of different algorithms on different benchmark 
problems. 


_V. CONCLUSIONS 


In this paper we introduced a new simplified model for 
hardware/software partitioning problem. Although it is NP 
hard in general, we could find an efficient approach to solve 
the problem using Swarm Intelligence techniques. We 
compare the performance of the proposed algorithms with 
already reported results on ILP [8], GA [8] and ACO [27]. The 
empirical test revealed .that ILP-based solution works most 
efficiently for graphs with as many as few thousand nodes and 
yields optimal solutions, whereas the PSO gives near optimal 
solution on an average. It is further observed that the PSO 
based algorithm outperforms GA, ACO and ILP with respect 
to runtime requirements for the given partitioning problem. 
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Abstract— The present days of mobile communication symbolize 
an era of Direct Sequence (DS) Code Division Multiple Access 
(CDMA) technology that has received considerable attention 
during last few years. The gencration of spreading codes has 
been an instrumental part in DS-CDMA realization. Among the 
various spreading codes, Gold code is one of them. This paper 
describes the generation of Gold codes of Jength 31 using VHDL 
simulation and also the CPLD implementation on Xilinx 
XC95108TQ100 device. i 


Key words—CP LD, DS-SS-CDMA, Gold code, VHDL. 


I. INTRODUCTION 


HE Direct Sequence Spread Spectrum Code Division 

Multiple Access (DS-SS-CDMA) system has now come 

up as a highly emerging digital technology for 3G and 
beyond mobile systems. One of the important goals of Spread 
Spectrum technique used for multiple access system is to find 
a set of spreading codes, which allows a large number of users 
to use a band of frequencies with minimum mutual 
interference. So Spreading Code generation plays an 
unportant role in DS-CDMA realization. 

Among the various spreading codes, maximal length pn- 
sequence (m-sequence) & Gold Codes have enormous 
applications in DS-CDMA & W-CDMA systems. In contrast 
to simple m-sequences, Gold sequences are suitable for multi- 
user CDMA systems because they offer a large number of 
sequence sets with good cross-correlation properties between 
the single sequences [1]. Since auto-correlation refers to the 
degree of correspondence between a sequence and a phase- 
shifted replica of itself, it is used in communication systems in 
choosing code sequences that give the least probability of 
false synchronization. So high peak value of auto-correlation 
will reduce the possibility of false synchronization in CDMA 
system. The agreement between two different codes is 
measured by cross-correlation property. So CDMA codes 
need low peak value of cross-correlation to reduce the 
interference generated by 


660 


other users’ signals. 

The m-sequence can be generated using Linear Feedback 
Shift Register (LFSR), provided it is represented by a 
primitive polynomial. Once the m-sequences of a particular 
length have been generated, it is necessary to find the 
preferred pair of m-sequences to generate the gold codes of 
the same length. For a code length of 31, we get six numbers 
of m-sequences, whereas Gold code provides us with thirty- 
three numbers of sequences. That is why Gold codes are 
widely used in WCDMA for large number of codes available 
compared to m-sequence for a particular code length. The 
implementation of the Gold code generator in VLSI area 
makes it useful in low power communication system design 


[2]. 
Il. THEORETICAL BACKGROUND OF GOLD CODE GENERATION 


A. Maximal Length pn-sequence (m-sequence) generation 

Maxima! Length pn-sequence can be generated using Linear 
Feedback Shift Register (LFSR) [3]. Any LFSR can be 
represented as a polynomial of variable x known as generator 
polynomial given by 
m-l 


X 


2 
i +e x +g 448 


G(x) = g x + 
m m 2 


0 


Where g; are the trap weights either 0 or 1. 

The generator polynomial G(x) provides the necessary 
feedback taps g, of the LFSR, which are to be combined by 
modulo-2 addition to get an m-sequence. The necessary 
condition for generator polynomial G(x) to generate an m- 
sequence is that G(x) has to be irreducible. But this condition 
is not sufficient. The irreducible polynomials, which are 
primitive, can only generate m-sequence. So the necessary and 
sufficient condition for generation of m-sequence is that the 
generator polynomial should be primitive [4]. 

A polynomial p(x) of degree m over GF(2) is irreducible 
[5] if it can not be factored in to non-trivial polynomials i.e. if 
p(x) is not divisible by any polynomial over GF(2) of degree 
less than m but greater than 0. An irreducible polynomial of 
deg m is said to be primitive [5] if it has order 27-1 i.e. if the 
smallest positive integer n for which p(x) divides x"+1 is 
n=2"-| 
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B. Gold code generation 


For generation of Gold sequences it is necessary to find out 
preferred pair of m-sequences. If ‘a’ is an m-sequence of 
degree n of length N generated from a primitive polynomial, it 
is possible to have another m-sequence a’=a(q], called the 
decimation of sequence ‘a’ by sampling every q” symbol of 
‘a’. a’ = afiq] will gave period N if and only if gcd (N,q)=I, 
where gcd denotes the greatest common divisor. 

Two m-sequences ‘a’ and ‘a’ are called the preferred pair 
[4] if: 

e n+#0 (mod 4); i.e. n odd or n=2 (mod 4) 
a’ = a[q], where q is odd and either g=2* + I 


org=2™ -2* +1 
e cd (n,k) = 1 for n odd 
= 2 for n = 2 (mod 4) 


Two m-sequences of length N with a periodic cross 
correction function that takes on the possible values { -1, -t(n), 
t(n) — 2} are called preferred sequences [4],[6]. Where t(n) is 
given by: 


+1)/2 
(n ) 


f(t) = 1+ for nodd 


+2)/2 
= 142" for neven 


For preferred pair of m-sequences formed by a and a’ 
having period N = 2"-1, the family of Gold codes is defined by 
fa, a’, ata’, atDa’, D? a’, „a + D™' a’}, where D is 
the delay element [3]. So Gold codes are generated by 
modulo-2 addition of ‘a’ with the N cyclically shifted version 
of ʻa? to give N+2° numbers of Gold sequences. The 
generation of Gold codes of length 31 is shown in Fig.!. 


ebeaas 









cece neta! 
Oa eB Da 


4 
Pee eaeaee af length 31 


Fig.l: Generation of Gold codes of length 31 


Fig-! shows the generation of gold codes of length 3! by 
using two shift registers, each consisting of five stages. In 
fig.1 the upper shift register is represented by the generator 
polynomial f,(D) = | + D? + D? and the lower one represented 
by generator polynomial f,(D) = 1 + D? + D3 + D* + D®, where 
fi) and f,(D) are two primitive polynomials. Since each of 
the m-sequences is of length 31, cyclic shifting of f,(D) and 
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modulo-2 addition of the shifted version of f(D) with 
f,()will produce 31 numbers of Gold codes. Including the 
original m-sequences represented by f,(D) and f,(D), we get a 
total of 31 + 2 = 33 Gold sequences. Among 33 Gold 
sequences, only two sequences ‘a’ and ‘a” are represented by 
primitive polynomials and hence are maximal. The rest 31 
numbers of Gold sequences are not maximal. 


Il. VHDL CODING OF GOLD CODE GENERATOR 


The VHDL programming of Gold code generator consists 
of two parts: first part declares the entity and the second part 
described the architecture body of the entity. 

The first part of the programme declares the entity 
gold_seq. Along with this, a set of interface ports have also 
been declared. Port declaration requires port name, direction 
and data type declaration [7]. Entity gold_seq uses six ports 
such as, s(buffer std_logic), enable(in std_lofic), clk(in 
std_logic), count(in std_logic), set(in std_logic) and reset(in 
std_logic). 

The second part of the programme describes the 
architecture body of the entity gold_seq using structural 
modeling. The architecture body has been described using two 
components, sequence! and sequence2. These two sequences 
are the m-sequences represented by generator polynomials 
f,(D) and f,(D) and form the preferred pair. 

Each of the components sequence! and sequence2 has been 
treated as a separate entity. The architecture body of entity 
sequencel uses two components dflipflop and dflipflop1. 
Similarly architecture body of sequence2 has been described 
by another two components d_ff and d_ff!. Each of the four 
components, dflipflop, dflipflop!, d_ff & d_ffl has been 
regarded as a separate entity and has been described using 
behavioral model. 


IV. VHDL SIMULATION AND CPLD IMPLEMENTATION 
RESULTS 


With the help of our developed program, we have generated 
33 numbers of Gold codes and the results have been verified 
by downloading the program on CPLD board and by 
observing the on/off status of the LED display. 

The CPLD board uses Xilinx XC9500 CPLD series 
‘XC95108-TQ100 device. These devices are flash based and 
are aimed at combinational logic intensive applications. These 
devices have a total of 108 macro cells which provide 2400 
usable gates. The pin-to-pin propagation delays are 15.0 ns 
with 55.6 MHz maximum system frequency. 

The RTL schematic of the Gold code generator produced 
by the VHDL program is shown in Fig.2. It consists of two 
blocks: Block-1 & Block-2. The RTL Schematic of Block-1 & 
Block-2 are shown in fig.3 & Fig.4 respectively. RTL 
schematic of a CPLD design helps us to understand the design 
schematically. 

Resource usage and timing report are available from fitter 
report and performance summary report of CPLD device. The 
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An ae tt tee F æ e e rd al 


a O E Macrocells used  |11/108(10%) 
sequence no. 1, have been shown in Table. able. , 
II respectively. These two reports provide valuable Product used [30/340 i 
informations related to CPLD design. The generated 31 ers used 10/10809% 
numbers of' Gold codes, excluding two maximal sequences 5f81(6% 
13/216(6% 












have been listed in Table. IT. 





00000010001101 100001 10011100110 
0001100110011110010100101111001 
0010111011001110110001001000111 
0100000001 101111111010000111011 
1001110100101101101 100011000011 
001001 1110101001000000100110010 
010100101010000001 1001011010001 
1011100010110010101010100010111 
01101 10010010111001101010011010 
110001001101 11000000101 10000001 
1001010001 00101001 1101110110110 
0011019101 100110100011111011000 
0111011100111111011111100000101 
1111001110001100100111010111111 
1111101011101011010110111001010 
11101000001001001 10101 100100000 
1100110110111011110011011110100 
100001 1010000101111110101011100 
000100001 1111001100101000001100 
0011110000000001010010010101101 
0110010111110000111100111101111 
1101011000010011100001101101011 
10110001 11010101011011001 100010 
0111111001011000101110001 110000 
1110000101000011000100001010101 
110111110111010001000000001 1110 
101000110001 1010111000010001000 
0101101111000111101000110100100 
1010101001111101001001111111101 
010010010000 1000001011101001110 
1000111111100010001111000101001 





Fig.4: RTL Schematic of Block -2 , ” 
E _ Table. IN: Generated Gold sequence of length 31 


` i 
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V. CONCLUSION 


Gold codes provide a large number of codes with high peak 
value of autocorrelation and low peak value of cross 
correlation. Thus Gold sequence is more suitable in CDMA 
application than m-Sequence 

Emphasis, should to be given for betterment of the design 
to achieve low power consumption and less delay time with 
are two important aspects of VLSI design. 

Various studies could be made to find the effect of different 
spreading codes on modulation quality of different digital 
modulation schemes such as, QPSK, 7/4-QPSK, 1/4-DQPSK 
etc. This study could be treated as useful tool to study the 
modern digital modulation techniques used in mobile 
communication system. 
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Abstract—With more embedded systems networked, it becomes 
an important research problem to defend embedded systems 
against buffer overflow attacks, A buffer overflow used an 
unprotected or unbounded copy with attacker controlled data' to 
overwrite a buffer on the stack. The paper points out deficiencies 
of the existing approach and sets the requirements for the new 
approach. This paper presents an efficient solution to the 
persistent problem of buffer overflow attacks with external 
hardware only. This external additional hardware monitors 
overwriting of the frame pointer, and before overwriting exits the 
process. This overflow checking as in external hardware, actual 
program processing speed is not affected. 


Key words—~ Security, buffer overflow attack, embedded 
system, external hardware, protection.. 


I. INTRODUCTION 


UFFER overflows have been the most common form of 

security vulnerability in the last ten years. Buffer overflow 

attacks cause serious damages to general purpose systems 
as well as to special purpose embedded systems. Because, of 
the growing deployment of networked embedded systems, 
security becomes one of the most significant issues for 
embedded systems. The most dominant form of buffer 
overflow exploitation is stack smashing attack [1], simply 
overwrites the return address of a function on the stack so that, 
when the function returns, control jumps to a location where 
the attacker would have inserted malicious code [2]. Other 
more complex variants attempt to modify locations referenced 
by function pointers and the global! offset table [2] [3]. 

Traditionally, a buffer overflow used an unprotected or 

unbounded copy with attacker controlled data to overwrite a 
buffer on the stack. The attacker’s data would be copied down 
the stack until the return address of the overflowing function 
was overwritten [5]. At this point, the attacker can gain 
execution control at a location of his choosing. In order for a 
buffer overflow attack to succeed, it needs to achieve the 
following two goals (1) inject the attack code and (2) force the 
process to execute the injected code [6]. ' 


With the increasing complexity of embedded applications, it 
becomes more attractive and necessary to design an embedded 
system by integrating as many off-the-shelf components as 
possible. A serious problem is here to check whether these 
components have buffer overflow vulnerabilities and to protect 
an embedded system application from buffer overflow attacks 
[2]. 

The related technologies passed through revolutionary 
changes through ages to ensure reliable operation of an 
embedded system. A number of researches are going on in this 
field as mentioned in [1] — [10] to effectively defend 
embedded systems against buffer overflow attacks. A 
hardware design is necessary if the software method is unable 
to achieve some of the requirements. 

This paper proposes a technique called External Hardware 
(ŒE H Technique) Technique that uses hardware to defend a 
system against buffer overflow attacks even without the 
knowledge of the source code. The performance overhead is 
also minimal, so this approach can be easily applied to 
embedded applications that have real-time constraints. 


H. BUFFER OVERFLOW ATTACK 


Buffer overflow attack exploits vulnerabilities in programs 
(most often unchecked buffer on the process runtime stack) to 
overwrite control information (i.e., function return address) [1] 
[8]. By overflowing a stack-allocated buffer, the attacker can 
seize the control of the process and force it to execute 
arbitrary, malicious code as shown in fig. 1. 

The overall goal of a buffer overflow attack is to subvert the 
function of a program so that the attacker can take control of 
that program [9]. 


Different way attacker can gain control: 


1, The attacker can supply sufficient payload to be injected in 
a buffer as string input to the program and program stores it. 
Here the attacker uses the victim program’s buffer to store the 
attack code and the attacker does not have to overflow any 
buffers to do it. The attacker need only parameterize the code, 
and then program to jump to it. 

2. Each time a function is called, it lays down an activation 
record on the stack that includes, among other things, the 
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return address that the program should jump to when the 
function exits. Any writing past the bound of a data structure 
will overwrite adjacent data structures and change their values. 
If the overwritten area contains a function’s return address, 
then when the function returns this new value will be used as 
the address of the next instruction after the return. So, if a user 
could inject his/her code into memory and change a return 
address to point to the injected code. This form of buffer 
overflow is called a “stack smashing attack” and cause a 
majority of buffer overflow attacks. 





Fig 1: Buffer Overflow Attack 

3. Function pointers can be allocated anywhere (stack, heap, 
static data area) and so the attacker need only find an 
overflowable buffer adjacent to a function pointer in any of 
these areas and overflow it to change the function pointer. So, 
when the program makes a call through this function pointer, it 
will jump to the attacker's desired location. 
If programs don’t check the size of the tnput for a buffer array 
and the size of the input data is larger than the size of the 
buffer array, then areas adjacent to the array will be 
overwritten by the extra data. The (3) way is rare in embedded 
systems, and this why less emphasis is given on it. 

‘The use of the safe programming languages is effective to 
defend against buffer overflow attacks. But for embedded 
system applications, most software is still written in “unsafe” 
languages such as C or assembly [10] [11]. C compilers 
allocate space for local variables and the return address of a 
function in the same stack frame [12]. 

A common stack smashing attack example is given where 
arguments, return address, previous frame pointer(FP), and 
local variables are pushed onto the stack one by one[13][6]. 
The stack structure of Intel x86 processors is used in these 
examples because it is easy to explain and understand[2]. This 
examples for basic buffer overflow attack methods are shown 
to provide the background for understanding why 
EHTechnique is necessary and how it works. 

A vulnerable program is written in Fig.2(a) such that only 
one byte overflows from its buffer. Fig.2(b) shows a typical 
stack structure after function func() is called. The arrows in 
figure 1(b) show the growth directions of stack and memory 
respectively. Variables are physically padded o the first 4 
bytes, so a 255 byte buffer would take up as much space as a 
256 byte buffer. This means that the overflowing byte will 


overwrite the saved frame pointer, which was pushed into the 
stack at the beginning of func(Q). Similarly, any function using 
strcpy() may copy more than 256 characters into buffer[{jas 
strcpy() does not check the size of the inputs. Therefore, the 
inputs can overflow the return address in the stack and make it 
point to the attack code injected in buffer[] as shown in Figure 
2(b). An attack based on heap or BSS uses a similar idea[2]. 
fine (char'*smsg) 
char buffer [256]; 
int 
for (m0, 108256; 1+~) 
buffer [1] = smsg [3]; 
} 
mam (int argc, char *argy{ J) 
oa <3 
ee 
fane (argv [1]; 


Fig 2. (a) Vulnerable program 





Fig 2: (b) The stack structure and attack 


M. RELATED WORKS 


_ There have been several efforts pertinent to the problem of 
buffer overflow attacks. Not surprisingly, software developers 
have exerted tremendous effort to avoid coding errors leading 
to viruses. Some combined hardware/software based 
approaches are proposed as only the software method is 
unable to achieve some of the requirements. 

There are five basic approaches to defending against buffer 
overflow vulnerabilities and attacks: Writing Correct Code, 
Operating Systems Approach, Direct Compiler Approach, 
Indirect Compiler Approach & Combined Hardware/Software 
Approach. 

Writing Correct Code: ïn addition to the emphasis on 
writing secure code, there have been a number of measures 
developed by software vendors to enhance the security of their 
products[14]. Writing correct code is a laudable but 
remarkably expensive proposition [9], especially when writing 
in a language such as C[28]. 

Operating Systems Approach: By changing part of the O.S. 
kernel, it is possible to prevent or detect certain types of 
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buffer overflow attacks. GCC places executable code on the 
stack for “trampolines.” Kernel patches are available for both 
Linux and Solaris [16], [17] that make the stack segment of the 
program's address space non-executable. Attacks exist that 
bypass this form of defense [19] by pointing a code pointer at 
code already resident in the program. Other attacks could be 
constructed that inject attack code into buffers allocated in the 
heap or static data segments. 

Direct Compiler Approach: In an extension to the GNU C 
compiler, Richard Jones and Paul Kelly have developed a new 
method to enforce array bounds and pointers checking in the C 
language [18]. They make the check without changing the 
representation of pointers, so checked code is compatible with 
unchecked code. This method solves the buffer overflow 
attack problem, including those attacks targeting at objects 
other than return addresses, e.g. function pointers. But the 
compiler did not appear to be mature; complex programs such 
as elm failed to execute when compiled with this compiler. 
Purify[20] is a memory usage debugging tool for C programs. 
Purify is not actually intended as a production security tool: 
Purify protection imposes a 3 to 5 times slowdown. The 
Compaq C compiler for the Alpha CPU “check_bounds” 
option is used. But only explicit array references are checked, 
no bounds checking is performed on accesses made by 
subroutines[28]. 

Indirect Compiler Approach: The indirect compiler 
approach is to perform integrity checks on code pointers 
before dereferencing them[9], While this technique does not 
make buffer overflow attacks impossible. Snarski [21] 
implemented customized C library for FreeBSD [22]. Libsafe 
[4] from Bell Labs intercepts function calls to shared C 
Library and conducts the similar frame-pointer based boundary 
checking. These approaches fail if a program chooses not to 
enable frame pointer at compile time (many programs do so 
for performance optimization) and if the buffer overflow 
vulnerability is caused by application internal function calls. 
StackShield [24], StackGuard [23] are medications of gcc. 
StackShield and StackGuard can only protect a system against 
a particular type of stack smashing attacks that need to 
overwrite return addresses. They can’t protect frame pointer, 
function arguments and local variables always. PointGuard 
[25] is proposed to protect pointers from buffer overflow 
attacks by encrypting pointer values, which limit its 
applicability somehow for embedded system protection. 

Combined Hardware/Software Approach: The HSDefender 
[2] [26] technique protects important stack structures, shared 
function pointers, and local function pointers. However, it is 
still possible that a variable can be overwritten by a pointer in 
the heap or BSS. Boundary checking is implemented by a 
pipeline phase, so not completely performance overhead free. 
For Function Pointer XOR operation hardware modification of 
existing processors are suggested. So, new processors should 
be deployed in the marketplace and becomes standardization 
issue. The architecture-based split stack approach [6] based on 
implementing the split control and data stack, and secure 
return address stack, can eliminate the performance overhead. 
But it requires recompilation in order to provide security 
benefit and requires changes in the instruction set [27]. 


IV.PROPOSED EXTERNAL HARDWARE TECHNIQUE 


The use of the safe programming languages is effective to 
defend against buffer over- flow attacks. However, it is not 
realistic to assume that all programmers will follow this good 
practice or to assume every off-the-shelf software is immune to 
buffer overflows. It is also impractical to require all software 
components to use the same language or to be compiled by the 
same compiler. Therefore, it is very hard for a system 
integrator to check buffer overflow vulnerabilities of an 
component based on a pure janguage-based approach. 

The proposed External Hardware technique (E H Technique), 
shown in figure.3 will be used only for buffer overflow 
protection purpose to the existing embedded system as an 
additional circuitry. If this circuitry can be made available in 
chip form, so that size for the embedded system will not be a 
discussion issue. In this functional circuitry there are two 
comparison units. In first unit comparison will be between 
frame pointer(FP) opcode and opcode of an instruction from 
system bus if the instruction is memory write related. If result 
of the comparison unit is zero. latches are hold the address 
which is the content of frame pointer. Latching of address will 
be in the T, t-state in Intel x86 based processors. Zero 
comparator output will be strobe signal for FP address hold 
circuit and it is from system address bus. In case lower order 
address bus are multiplexed with data bus, lower order input 
will be from system latches as shown in figure.3. Then 
increased or decreased address will be stored to be compared 
with current cycle address depending on piocessor, The 
implementation of this hardware on different processors may 
be different because of different stack structures[2}[26]. 
Whole functional will be activated if only stack indication 
signal from processor is generated indication stack 
manipulation operation. 

The second unit functional will check, if frame pointer 
address is going to overwrite or not. In an opcode fetch cycle 
address latch signal initiates comparison operation and 
comparison will be in T; t-state and holds output upto of 
initiation write signal. If result is zero, at the instant of 
initiation of write signal processor will be informed that frame 
pointer are going to overwrite and processor will exit the 
process. Sufficiently increasing or decreasing (depending on 
processor) the FP address, this scheme can defend a system 
against stack smashing attacks completely. 


V. SECURITY & PERFORMANCE ANALYSIS 


The advantage of the compiler-based implementation is that it 
can work on its own without any change in the processor. The 
disadvantage is of the compiler-based implementation that it 
requires recompilation in order to provide security benefit. 
This considerably decreases application program processing 
speed. There is possibly performance overhead associated with 
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Fig 3: Functional diagram of external hardware 
Table 1: Performance comparison with the previous work 


Methods 










Operating Systems 
Approach (Non- 
Execurable stack) 
Direct/Indirect 
Comoiler Soproach 


Combined No Yes No 
Fna 
App 


ee Hardware 
method 
















any additional register pressure due to the allocation of one’s 
architectural registers as the control stack pointer. GCC 
register allocator does not model separate functional units 
well resulting in instable performance Another source of 
potential overhead is due to the less efficient use of virtual 
memory space. The architectural approach does not incur 
performance overhead and is transparent to application 
programs, however, the biggest disadvantage is that it requires 
change in the instruction set[6]. In extra alignment does 
consume extra stack space, and generally increases code size. 
Trade-offs are made depending on the size of the 
programmer's application plus any third party components and 
hibraries. As the program evolves and grows, the allocation 
decisions are revised in a time-consuming manner. Object 
files produced using whole program optimization carry 
intermediate code that serves as input link-time code 
generation. Linking operations impact performance on 
embedded processors. Unlike general purpose processors 
having a single, large memory, embedded processors have 
many different memories. The layout of the application into 
various target memories impacts performance. Certain 


Souree/Extva | External 
code hardware Memory 
Reguired 
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Gai 


kinds of fast memory, such as on-chip memory, are limited in 
space and desired for critical application functions. 


Increased 


As EHTechnique is an external hardware based solution, 
program processing speed will not be affected at all the 
writing and the boundary checking is completely in external 
hardware in parallel program execution. This is the biggest 
advantage. Therefore, there is no performance overhead. 
Source code and extra protection code are not needed. So, 
there is no new constraints in front of third party software 
developers. Using our approach to protect a program does 
not need to modify the source code of the program. Besides, 
does not change the layout of stack frames, so binary code it 
generated is compatible with existing libraries and other 
object files. Using our solution, users can prevent attackers 
from compromising their systems by changing the return 
address to execute injected code, which is the most common 
method performance overhead as function pointers are rarely 
used in embedded applications. The security comparisons 
concerning 
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Table 2: Security comparison with previous approaches 





stack smashing attacks with some previous important are 
summarized in Table 2. 


VI.CONCLUSION 

In this paper, the proposed technique is used to defend 
embedded systems against buffer overflow attacks. It is a 
hardware based protection with less software modification. 
This dedicated external hardware can be designed easily as 
Application Specific Integrated Circuit(ASIC), most suitable 
form for embedded application. Considering protection it 
provides a mechanism that can effectively protect embedded 
systems against buffer overflow attacks and efficiently check if 
a component has been protected, even without the presence of 
source code. EHTechnique is more suitable for embedded 
system integration than the previous approaches. 
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Abstract— One of the emerging issues in rural health 
management system in India is to extend the services among the 
poor population distributed at vast geographical locations with 
poor connectivity in terms of infrastructure. ECG is considered as 
one of the prime physiological signal to detect the cardiac 
condition of a human being. This paper illustrates the 
development of a wireless transmitter system, aimed to transmit 
low frequency ECG signals over a remote distance. The chief 
motivation behind this work is to develop a wireless 
telecardiology system, which will be developed to aid the rural 
health-care management. The transmitter will act as a prime 
component in the ‘Portable Telecardiology Kit’, which is one 


component of a wireless telecardiology solution for detecting . 


preliminary level cardiac abnormalities. 


Key words— Bi-phase modulation, ECG 
Microcontroller, Transceiver. 


signal, 


J. INTRODUCTION 


W IRELESS data services and systems represent a 


rapidly growing and increasingly important segment of the 
communication applications. Wireless systems were initially 
developed to carry voice data, but with development of 
technology, different types of data, like image, video, massage 
is now sent over wireless systems. Many types of mobile 
wireless networks are in use. Main challenges are delay 
spreads and multipath fading etc. [1]. 
A successful application of wireless communication 


systems is in the field of advanced healthcare services. 
Transmission of digital and video images has been in use to 
transfer the medical images using medical image compression 
technique. Use of wireless systems for emergency services, 
maintaining electronic patient records, patient monitoring and 
home care telemedicine applications is reported[2-4]. 


In a personal area network, a group of wearable medical 
sensors can be monitored in a telemedical environment. Recent 
advances in microcontroller and sensor technology including 
low power consumption and good performance to cost ratio 
made possible a whole range of new applications using 
distributed sensor networks. Using Wireless Intelligent SEnsor 
(WISE) some important physiological signals like EEG, ECG, 
GSR can be tracked for mobile patients in a DSP server in 
telemedical environment [5-8]. In a multi-tier telemedicine 
system, a Wireless Body Area Network(WBAN) can be 
formed using wireless intelligent devices to aid computer- 
assisted physical rehabilitation applications and ambulatory 
monitoring. The system performs real-time analysis of sensors’ 
data, provides guidance and feedback to the user, and can 
generate warnings based on the user's state, level of activity, 
and environmental conditions. In addition, all recorded 
information can be transferred to medical servers via the 
Internet and seamlessly integrated into the user's electronic 
medical record and research databases [9]. Use of satellite link 
is demonstrated [10-14] to implement wireless telemedicine, 
but it requires expensive equipments, dedicated links and 
skilled operators. _ 


A wireless Telecardiology system can be developed in which 
a remote patient can be monitored using a microcontroller 
with a cordless telephone. The ECG signal of the patient is 
sent to the local health care center, where an automated 
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cardiac signal processing system analyses the ECG signal and 
if abnormalities are found, a report is gencrated to be sent back 
to the patient [15]. | 

A wireless transmitter using microcontroller is described in 
the paper. The modulation technique used is BPM (Bi-phase 
modulation), which has some unique advantages over Pulse 
Position Modulation (PPM) for low frequency signals (16-18). 


Il. MATERIALS AND METHODS 


A. Development of Bi-phase Modulation Scheme 
The block diagram of the transmitter section is given in 


AT Keyboard 


ECG 
[AFG 





Figi. The ECG signal is received by the microcontroller unit 
after conversion by an 8-bit ADC. The signal is first stored 
temporarily in the contiguous memory locations in the external 
RAM as data. The data is then converted into a bi-phase 
format using the microcontroller and finally sent by the 
transmitter of a cordless telephone set. The chief aim is to 
convert the data [ECG signals of a patient] into a bi-phase 
format using an &-bit microcontroller. The ECG signal ts 
simulated using an arbitrary function generator connected with 
a PC with the help of prerecorded ECG database [12-lead]. 
The algorithm is developed to transmit the data on 
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Cordless 
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Fig 1: Block diagram of the transmitter using Bi phase modulation 
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Fig2: Bi-phase Modulation Protocol 


‘store-and-transmit’ basis. The command is generated from an 
ASCII keyboard interfaced with microcontroller in interrupt 
mode, An external RAM is used to store the data from ADC 
upon a chosen keystroke. The same data 1s then streamed to the 
transmitter in a bi-phase format using the microcontroller upon 
a second pre-assigned keystroke from the keyboard. Before 
final transmission proper data-framing is done for each ‘byte 
with the inclusion of ‘zero’ as start bit and ‘one’ as stop bit. 
The data packet 1s formed with 100 such frames with a 


synchronization pattern. The final objective is to transmit the 
ECG data along with some relevant physiological information 
(like body mass index, age, sex, etc.) which will be crucial for 
decision making about the patient’s cardiac condition. These 
information are transmitted in a separate tag page before the 
actual ECG data in a separate data packet with a distinct 
separate synchronization pattern, so that the receiver can 
distinguish between the tag page and actual ECG data, 


Since ECG ıs inherently a low frequency signal. For 
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transmission of such signals, the Bi-phase modulation is 


transmitter leading to a loss of synchroniem, a new family of 


adopted in the developed system. To avoid the occurrence of pulse formats represented by only two levels has been 


successive Q’s and 1's in the data pattern received in the 


A. Transmission of the signal 


The data in bi-phase format is transmitted using a wireless 
communication system in VHF band. The reason of choosing 
the VHF band is to use a standard available cordless telephone 
set customizing its modulation circuit. The bi-phase signal 
from the microcontroller output modulates the VHF oscillator 
of the telephone set. A frequency modulation scheme is 
implemented with 117 MHz as carrier frequency. 

The final aim is to operate this transceiver im a transmitter 


mode, while as receiver mode it will receive the report of ` 


analysis of the ECG data at the local rural healthcare center. 


H. TESTING 


The transmitter system has been designed and run with 
prerecorded database in the initial stage for pilot study. For 
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proposed(Fig.2). 


testing the quality of transmission some standard signals were 
sent in the preliminary stage. The response of the system is 
shown in fig 3(a) using sinusoidal and saw-tooth waves. For 
bandwidth study, suitable amplitude signal (below 4V) with 
frequency range 250Hz to 3.5 KHz is chosen. The recetver 
was kept at a distance of about 200 feet and the received signal 
was analyzed. The result was acceptable. Thereafter some 
prerecorded database of ECG signals was sent. The outcomes 
at receiver of the cordless phone are shown at fig 3(b). As the 
distance is increased, the link tends to fail sametumes due to 
multipath fading. Suitable mitigation technique is to be used 
for optimized performance. l 
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Fig 3(a): Response of the transmitter for test signals 
[The upper waveform corresponds to the transmitter and lower one to the receiver] 
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Fig 3(b): ECG waveform at the receiver placed at 200ft 
{Transmitter connected with AFG to simulate the ECG signal] 
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IV. CONCLUSION 
The wireless transmitter described in this paper is designed 
with the objective of developing a total wireless cardiac care 
system. This unit will establish a wireless link between the 
patient home and the rural health care center. The unit: is 
required to be carried by a semi-skilled technician to the 
patient site in response to a chest pam report. A portable ECG 
machine will be hooked up with this ‘kit’ to send the signal.to 
the health care center. In the center there will be a PC based 
automated cardiac signal processing system, which will 
extract the ECG data from the received signal. Then it will 
analyze the signal from a knowledge-base. If any 


abnormalities are found, that will be generated and sent back | 


to the portable telecardionlogy kit at patient home using a 
similar duplex communication system, operating at a 
different frequency. 

EE EE E pode fittest ustae ih 
rural health management in India. In certain seasons, the 
connectivity in remote areas, especially hilly rogions become 
very poor. The rural population of vast geographical locations 
m India can benefit from using this system, which can bo run 
24 hours a day and, moreover, requires minimum human 
intervention for its operation. 
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Abstract—It is well known that the neural network ts the 
powerful tool for pattern recognition. Here a general method is 
proposed for type identification (e.g. J, K, S etc.) of unknown 
thermocouple sensor using suitable artificial neural network 
(ANN). The inpot output characteristic of different type 
thermocouples are trained by a pattern classifier network, which 
is a probabilistic neural network (PNN). The input (Temperature) 
~ output (thermo e.m.f.) characteristic of different types of 
thermocouple are characterized by their thermo-coefficients 
(a, B,y ,etc) within their corresponding full scale operation. In 
the proposed case, if a PNN is properly trained with the 
calibration data set of each type of thermocouple along with their 
class no., it can identify the characteristic pattern of the 


corresponding type (e.g. J, K, E etc) by producing appropriate 
class no. already designated. Once their class no. is determined, 
corresponding thermo coefficients can easily be determined from 
the calibration of identified type of thermocouple. 


Key words— Classification, PNN, radial basis neural network. 


I, INTRODUCTION 


PPLICATION of Artificial neural network (ANN) in 

measurement, instrumentation and control is gaining 
importance for several years, taking the advantage of non- 
linear modelling, mapping, estimation of errors, and pattern 
recognition. An artificial neural network is a computational 
structure that is inspired by observed processes in natural 
networks of biological neurons in the human brain. It consists 
of simple computational units, called neurons that are highly 
interconnected. Depending on the value of weighted sum of 
the variables, the neuron gives a signal to the neurons in the 
adjacent layer through a non-linear transfer function (log 
sigmoid, tan sigmoid function). The choice of the architecture 
of the network depends on the task to be performed and the 
architecture of the model is specified by the node 


characteristics, network topology and learning algorithm. In 
standard architecture, neurons are grouped into different 
layers like input, output and hidden layers. Generally, for 
modelling of physical systems, multi layered, feed forward 
network (one layer for input and output, and few hidden 
layers) is normally used. The basic capability of neural 
networks is to learn patterns from examples and experiences. 
This is accomplished by adjusting the weights of given 
interconnections according to some learning algorithm In 
general, the learning can be supervised or unsupervised. In a 
supervised learning the learning is guided by specifying, for 
each training input pattern, the class to which the pattern is 
supposed to belong. That is the desired response of the 
network to each training input pattern and its comparison with 
the actual output of the network are used with learning 
algorithm for appropriate adjustments of the weights. These 
adjustments, whose purpose is to minimize the difference 
between the desired and actual outputs, are made 
incrementally. That is small adjustments in the weights are 
made in the desired direction for each training pair. This is 
essential for facilitating a convergence to a solution (specific 
values of the weights) in which patterns in the training set are 
recognized with high fidelity. Once a network converges to a 
solution, it is then capable of classifying each unknown input 
pattern with other patterns that are close to it in terms of the 
same distinguishing features. In an unsupervised learning 
algorithm, the network forms its own classification of patterns. 
The classification is based on commonalities in certain 
features of input patterns, This requires that a neural network 
implementing an unsupervised learning algorithm be able to 
identify common features across the range of input patterns. 
Il. GENERAL METHOD FOR PATTERN IDENTIFICATION USING 
PROBABILISTIC NEURAL NETWORK 

If there is k object associated with n numbers of variables 
( X,,X2,...X,,), considering object inputs and outputs, its 
pattern may be classified with a variables Y of k-dimensions, 
such that for a subset of real valued variables X OAIN j 
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falling between the range [Xpin...Xma]}. Y; =(1,1,1,...... p th 
term) and for j=; only and Y,; =(0,0,0,0...... p th term) for 
j#t ; Where, j = output designator =1,2,3....k, and i = input 
designator. Here the neural network serves as non-linear 
function estimator, whose value lies in the range [1,0] 


depending on successful matching of object pattern or not. 
Thus when Y; = f,(X1,X7,X3,....%,)=1 for a given 


subset X , = (X;,X9,X4,...X,) and Y, = fy (X1, X2, X3, cevwens 
Xn) =0 for other subset X} =(X1,X2,X3,...X,,) is satisfied, 


the existence of k th object is identified. The following 
description clearly explains how a PNN can classify the object 
pattern. 


A. Radial Basis Neural Network (RBNN) 


Since the problem of thermocouple type identification can be 
considered as pattern classification, probabilistic neural 
networks (PNN) can be used for this problem[3]. Basically the 
architecture of PNN is a modified version of that of 
generalized regression neural network (GRNN). However both 
these architecture belongs to the category of radial basis neural 
network (RBNN) and are variants of RBNN. The pattern 
classification problem can be solved using multilayer 
perception (MLP) feed forward network with most widely 
used back propagation training algorithm but despite its 
ubiquity, back propagation has serious training problems with 
large no. training data set, lack of which may produce false 
prediction of class. 


| eee 


Fig. | Radial Basis Neural Network 


The radia] basis function network, topology of which is shown 
in Fig. 1. looks much like the common feed forward network 
used with back propagation training ; however its operation id 
fundamentally different rather than starting with random values 
, the weights of each hidden layer neuron are set to values that 
produce the desired response . A maximum output for an input 
identical to its weights, with a lesser output for dissimiliar 





inputs. The topology of RBNN is shown in Fig. 1. Here, inputs 
X1,X2,X3,....X,, comprising an input vector x , are applied to all 
neurons in -the hidden layer. Each hidden layer neuron 
computes the following exponential function, called Gaussian 
response functions. 


h; = exp[-D, K20*) (1) 
where x=an input vector, u; = weight vector of hidden 


layer neuron I ( Note that this equals an input training vector . 
There must be one hidden layer neuron for each such training 


vector) and D? =(x-u;)' (x—4) = 
between the input vector and training vector. 
The weights of each hidden layer neuron are assigned the 


values of an input training vector, The output neuron produces 
the linear weighted summation of these as given by: 


y= 2M (2) 


where w = a weight in the output layer. 

Sometimes the outputs are optionally normalized according 
to following formula that divides the output of each neuron in 
the output layer by the sum of all hidden layer outputs. 


out; = Y, hw; $h; (3) 
i i 


Thus the output has a significant response to the input x 
only over a range of values of x , called the receptive field of 
the neuron , the size of which is determined by the value of 
O , sometime called spread parameter. 


B. Generalized Regression Neural Network (GRNN) 


GRNN or generalized regression neural network belongs to 
category of RBNN, which has the desirable property of 
requiring no iterative training. The topology of GRNN is 
identical as shown in Fig. 1. It approximates any arbitrary 
function between input and output vectors, drawing the 
function estimate directly from the training data. Furthermore, 
it is consistent; that is, as the training set size becomes large, 
the estimation crror approaches zero, with only mild restriction 
on the function. GRNN is based on nonlinear regression 
theory, a well established statistical technique for function 
estimation. By definition , the regression of a dependent 
variable y on an independent variable x estimates the most 
probable value for y , given x and training set .The training set 
consists of values for x , each with a corresponding value for y 
(x and y are , in general , vectors) . GRNN is based upon the 
following formula from statistics. 


J of. y)dy 


E(y|x) = =— (4) 
J f(x, y)dy 


Squared distance 


where, y =output of the estimator, x =the estimator input 
vector, E ( y|x) the expected value of the output , given the 


input vector x, f(x, y) =the joint probability density function 
of X and y. 
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GRNN is, in essence, a method for estimating f (x, yY), 


given only a training set. Because, the probability density 
function is derived from the data set without perception about 
its form, the system is perfectly general. The function value is 
estimated optimally as follows: 


n n 
y= h, Wy Ih (5) 


i=] 


where wy = the target (desired) output corresponding to input 
training vector X and output I, the output of hidden layer 
h, =exp[-D? (207)], D? =(x-u;)’ (x-u,) = 


Squared distance between the input vector xand training 
vector H, x=the input vector, u; =training vector i, o =a 


neuron 


constant controlling the size of the receptive region. 


C. Probabilistic Neural Network (PNN):- 


PNN results from modification of GRNN, the topology of 
which is shown in Fig. 2. Since GRNN can approximate any 
continuous function; it can easily be made into pattern 
classifier. In PNN, each output represents the probability of its 
associated class. This result may appear surprising considering 
the different theoretical foundation of two paradigms, PNN 
coming from Bayesian classifier theory and GRNN from 
regression theory. A classifier has binary target vectors, each 
of which has a single one indicating the target class. All other 
components are zero; the GRNN network used as a classifier 
will have its output layer weights set to ones and zeros. 
Classification then consists of applying an input vector and 
determining which output is greatest. The basis for PNN is 
Bayes theorem, which states: 


P(y!|x)=P(a]y')P(y')/P (x) (6) 
where P| y |x) the probability that input vector x is in class 
PF y )=the probability of class 1 occurring, . P(x) = the 
probability of an input vector with values x. 

In PNN, the probability distribution function P(x y) is 


approximated by Parzon windows, typically using the 
exponential function. By the previous definitions, 


i Ne 2 m2 Me 
Poof) = (KIN) X expl-D} N20) =(KINDZ h C 
= J= 


where K =1/(20“/*o“) = the scaling factor to produce a 
multidimensional unit Gaussian, Dp? =(X—U; y (x-u;) = the 
squared Euclidian distance between the current input x and 
training vector j in class I hi = training vector (hidden layer 
neuron ) output j in class 1, d = number of components in the 


input vector, NÌ = number of training vector, N = total 
number of training vectors (hidden layer neurons). 


The hidden layer in PNN is portioned by their classes and 


all interleaved weights arc unity. The probability of y, may be 
estimated by its relative frequency in the training set, as, 
Ply')=N'IN 

Applying Bayes theorem to calculate the conditional 


probability of x for each class, then summing these over all 
classes ytelds 


Ni l i 
P(x) = 2 P(x y PCO) 


a E EIEE IIE 
=} (K/N )}, expl-D; I20"XN /N)] 
l 


j=l J= 
Ni Ni j 
=(KIN)S. $ hi (8) 
i=] j=l 


where N’ = the number of classes. 

Thus, the inner summation adds all hidden layer neuron 
Outputs associated with class i; the outer summation counts 
these over all classes. The double summation may be 
eliminated by simple counting all hidden neuron outputs. 
Therefore, 


N 
P(x) =(K/N)S A; (9) 
=] 
Substituting, 
i Ni i N 
P(y!|x)= X h Èh (10) 
j= zz 


where N' = is the number of hidden layer neurons associated 
with class j . 


X25 Xg Xa] 





Fig 2. Piobabilistic Neural Network. 


Thus it can be summarized that in PNN, 
> Each output represents the conditional probability of a 
class, given the current input vector. 
> Hidden layer neurons are portioned by class. 
> The numerator is summed only over those hidden layer 
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neurons associated with a given class. 

Since PNN is a classifier, the target is either O or | for a 
given training vector. Therefore the summation in the 
numerator is taken only over those hidden layer neurons which 
are in class 1. 


WI, CASE STUDY 
Here the object variables are two, namely X; (Thermo 
c.m.f. in mV) and X3 (Temperature in°C ), which form the 


input vector P. The object pattern variables is Tc (target class), 
the values of which are assigned as | ,2,3,4,5,6,7,8 since in the 
present case eight different types thermocouple sensors (e.g. J, 
K, S, T, R, N, B and E types) are considered . The 
composition and range of operating temperature of different 
thermocouples are shown in Table I. The object variable is 
input to ANN and target is the output from the ANN. The 
trained network is tested with testing data set for each type 
thermocouple. The overall performance of the training and 








testing the network ts also analyzed. 

TABLE I 

THERMOCOUPLE TYPES 
“Go 
oC 

| B | Pr-30% Rh versus Pr-6% Rh 
Ni-Cr alloy versus a Cu-Ni allo 
Fe versus a Cu-Ni alloy 
Ni-Cr alloy versus Ni-Al alloy -270 to BP? 
| oN INi-Cr-St alloy versus Ni-Si-Me atloy -270 to 1300 
AR Pr-13% Rh versus Pr 
e a ey (Peeeeieaeeet) 
Sa Pr-10% Rh versus Pr -50 to 1768 
Cu versus a Co-Ni alloy 





A. Preparation of Thermocouple Data Base 


The entire data for different type thermocouples are 
compiled from internet online ITS-90 thermocouple reference 
table according to NIST (National Institute of Standard & 
Technology) standard. The thermocouple object database is 
arranged in the format shown in Table H. X}, X3 are inputs 


for thermo e.m.f. and temperature. As the ANN input should 
be in the range of -1 to +1, so all the inputs are normalized by 


using the formula as follows: _ {= min) and Tmin) : 
l (Emax —ĉmin) Tmax ~ Tmin) 
B. Training & simulating the PNN 

When the input vector P{e.m.f. temperature }is presented , the 
first layer of PNN computes distances from the input vector to the 
training input vectors and produces a vector whose elements 
indicate how close the input is to a training input. The 2nd layer 
sums these contributions for each class of inputs to produce as its 
output a vector of probabilities. Finally, a suitable transfer 
function in the second layer picks the maximum of these 
probabilities, and produces a one for that class and a O for the 
other classes. It is assumed that there are Q input vector/target 
vector pairs. Each target vector has K 
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TABLE II 
THERMOCOUPLE DATA BASE 
SL No. x2 Ths get 
Temp. Class 
INO.TIC 


095 ~210 
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1411 
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(in the present case K=8) elements. One of these elements is 
one and the rest is zero because each input vector is associated 
with one of K classes. The !" layer input weights, IW are set 
to the transpose of the matrix formed from the Q training pairs 
(e.g. P’). When an input is presented the jdist|| box produces a 


vector whose elements indicate how close the input is to the 
vectors of the training set. These elements are multiplied, 
element by element, by the bias and sent the radbas transfer 
function. An input vector close to a training vector will be 


represented by a number close to one in the output vector a’. 





| 
= 


h n OE ge am an OD ete gil cin an nm eee oe t e a 
he amar sa a ah nmaa m-ar ae at e a aE a aa a 2 t 


a'l =radbas( [Wa -Phal ) o; 
a'lis i “clement ofa al where , IW 1,1 is a vector made of the i * row 
of IW1,1 

Q=#input/target pairs=fof neurons in layer 1 

R=# elements in input vector, P=input vector 

K=# of classes of input data=# of neurons in layer 2 


a? =f(LW2,1.a') 


Fig. 3. Operation of PNN. 


If an input is close to several training vectors of a single 


class, it will be represented by several elements of a’ that are 
close to one .The 2™ layer weights LW, are set to the matrix T 
of target vectors corresponding to target class Tc. Each vector 
has a one only in the row associated with that particular class 


on put, and zero elsewhere. The multiplication Ta' sums 


the elements of a’ due to each of the K input classes. Finally, 
the second layer transfer function produces a one 


corresponding to the largest element of n? , and zeros 
elsewhere. Thus, the network has classified the input vector 
into a specific one of K classes because that class had the 
maximum probability of being correct. 


IV. RESULTS AND DISCUSSIONS 


In this investigation, the ANN training and simulations were 
performed with the programme under MATLAB [5] 
environment using built in functions, (a) ‘newpnn’ for creation 
, configuration and training of the PNN (b) ‘sim’ for testing 
the network. (c) ‘int2vect’ for conversion of target class into 
target vector (d) ‘vec2int’ for conversion of target vector into 
class no. After training the PNN, it has been tested randomly 
with sample input vector for each type of thermocouple and 
the results are tabulated as shown in the Table III. The target 


class no, are-assigned as mentioned in the Table II. 






TABLE MI 
SIMULATION RESULT 
Input 
P={e mf temp} 


{ 69.439, 1198} 
(54.852, 1371} 


Identified Correspon 
ss ding type 
c 
J 
{ 21.089 , 1767 } 
J 


E 


ih) o 
aam ooe 


Cla 
Xi 
1 
2 
3 
5 
4 
eatery fF 


V. CONCLUSION 


5 





T 


Here a PNN is proposed to work as pattern classifier in 
identifying the unknown thermocouple type (e.g. J, K, S.... 
etc.). However the outputs of the ANN can also be processed 
with the help of another suitable ANN connected in cascade 
with the previous’ network for computing the thermo- 
coefficients (a, B,y,....)up to appropriate dimensions suitable 
for different type thermocouples based on piece-wise 
liberalization with multiple breakpoints. The proposed study is 
expected to encourage the designer in undertaking the 
challenging task for implementing the method in real time 
embedded hardware systems, such as micro controllers with 16 
bit resolution or fixed- point digital signal processors (DSP). 
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Abstract— Linguistic modeling of complex nonlinear systems 
constitutes the heart of many control and decision-making 
processes and fuzzy logic represents one of the most effective 
algorithms to build such linguistic models. In the first part of this 
paper, only thirty-six fuzzy rules are developed using fuzzy 
triangular membership function. The objective of using less 
number of fuzzy rules is leading to a smaller amount of 
computational time. In the second part few of these rules are used 
to train a neural network by back propagation neural network 
{(BPNN) to develop a neuro-fuzzy controller (NFC). In the 
designed three layer neural network, the first layer contains two 
neurons for two inputs: error (e) and change of error (Ae) 
respectively, whereas the second layer or the hidden layer 
contains thirty neurons and the third layer use only one neuron 
to get the output (u) value. The third part of the paper is used to 
study the performance of neuro-fuzzy controller for a linear and 
a nonlinear process respectively. In the pilot study part proposed 
NFC is applied to the supply air pressure control loop of Heating, 
Ventilation and Air-conditioning GYVAC) system. Most of the 
controllers commissioned in HVAC systems are of Proportional- 
Integral-Derivative (PID) type, due to its relatively simple 
structure. But the tuning procedure of a HVAC system may take 
a control engincer up to three days to search for a proper PID 
controller setting for an air pressure loop. The situation is even 
worse, if re-tuning is needed and this is true for many large 
HVAC systems. Therefore, it is highly desirable to develop 
workable technology for HVAC industries. The tuning procedure 
of the proposed NFC is very easy. Simulation results show that 
the Neuro-Fuzzy controller performances are comparable to the 
other methods under normal! conditions. 


Key words-- Back propagation neural network, fuzzy logic 
controller, linguistic modeling, neuro-fazzy controller. 


I. INTRODUCTION 


ARIATIONS in conventional control loop are known to 

be made in industrial process control systems [1]. 

However in starting and shut down stages, 
parameterization of controllers or even in switching between 
different control modules need the help of the operator. The 
knowledge of this ‘operator’ is usually based on experience 
and does not lend itself to be expressed in differential 
equations. It follows a pattern given as ‘if the situation is such 
and such, I should do the following’. This is what is called 
expert’s knowledge and the fuzzy logic control offers a 
convenient technique of representing and implementing this 
knowledge. A very important part in the paper is development 
of the fuzzy logic rules from this knowledge. 

The performance of the proportional-integral (PI) and 
proportional-derivative (PD) type fuzzy logic controllers 
(FLC) is known to be quite satisfactory for linear systems, 
however the performance of conventional PI or PD controllers 


for higher order systems, integrating systems or large dead 
time, as well nonlinear systems are not satisfactory. But the 
performance of PI or PD type fuzzy logic controllers is good 
for such systems. Fuzzy modeling [2] —[12] uses a natural 
description language to form a system model based on its 
fuzzy logic with fuzzy predicates. 

Neural networks have a large number of highly 
interconnected processing elements that discriminate the 
ability to learn and generalize from training patterns or data. 
They are like human brain and can perform pattern-matching 
tasks. Neural networks combined with fuzzy logic can make 
excellent performance at developing human made systems that 
can perform the same type of information processing that our 
brain performs [13]. Distributed representation and learning 
capabilities are two features of neural networks [14]. Most 
importantly, neural networks can perform filtering operations 
that are beyond the capabilities of the conventional linear 
filtering techniques because of their non-linear nature 
[15], [16]. 

The back propagation neural network (BPNN) trained 
controller takes less processing time compared to other 
techniques. Neural networks represent massively parallel 
distributed processing capability which makes a real-time 
processing of large volume of data more realizable with the 
potential of improving performance through dynamic learning. 
The use of back propagation neural network in control 
application has been found to be very much suitable [17] — 
[19]. Most of the control applications used a multi layer 
nctwork as shown in Fig.2. The training of a BPNN involves 3 
stages; the feed forward of the input training pattern, the 
calculation and back propagation of the associated error and 
the weight: adjustments [20]. After the network has been 
trained, its application Involves only the feed forward phase 
and reversing is not possible. 


Il. GENERATION OF RULES 


The basic function of the fuzzy logic is to represent the 
rules in a structured way the control policy of an experienced 
process operator and / or control engineer can do. This is 
formed in a set of production rules such as 

If {process state} then {control output} 

For example, consider a set of desired input-output data pairs: 
fe, Ae”. uy fe, Ae”. u? ] stash) | 

Where error (c) and change of error (Ae) are inputs and u is 
the output. The simple 2 inputs and ! output case is chosen in 
order to explain and clarify the basic ideas of the approach 
[21]; and extents to generalized multi input-mult: output cases. 
The task here is to generate a set of fuzzy rules from the 
desired input- output pairs of equation (J). Assumed the 
domain intervals of e, Ae and u are [e7 , e *], [Ae 7, Ae’ ] and 
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[u , u* ] respectively. Each domain interval is divided into 
2N+1 regions, where N can be different for different variables, 
and the lengths of these regions can be equal or unequal. 
Setting N at 3 the expert defined fuzzy rules are developed and 
thus total region [-1, +I] is divided into 7 divisions as shown 
in Table I, denoted by NB (negative big), NM (negative 
medium), NS (negative small), ZE (zero), PS (positive small), 
PM (positive medium), PB (positive big) and assign each 
region a fuzzy membership function. Fig.! shows that the 
domain interval of e, Ae and u is divided into seven equal 
regions. The shape of each membership function is triangular. 


ECOD| ny NM MS zea PS PM PB 


~ 1 


B(A] up wee NS 2x PS FPH PB 
” j Lea 

KODI We NM NS ZE PS PAE PB 
one | 


wt i 


Fig.1: Membership Functions of inputs e, Ae and output u 


Suppose now that the term sets of e, Ae, and u all have been 
chosen equal in size and contain the same linguistic 
expressions for the magnitude part of the linguistic values, i.e., 
LE = LAE = LU = {NB, NM, NS, ZE, PS, PM, PB} as shown 
in Fig.l. For example, a cell of Table I represented by the 
intersection of the first row and the first column, presents a 
rule such as, 

If e (k) is NB and Ae (k) is NB then u (k) is NB. 





Table I: Fuzzy rules for computation of u 


The 6 discrete values of error (e) and 6 discrete values of 
change of error (Ae) generate 36 numbers of output (u) values 
or fuzzy if-then rules by following algorithm. 

for (1=0; i <=5; i ++) 
{ 
for (j=0; j <=5; j+) 


{ 
e=(-1+(1* (0.4))); 
Ae = (-1+ (j * (0.4))); 
u= g (e, Ae), 


Those are fed to the back propagation neural network for 
training to design a Neuro-Fuzzy Controller (NFC). 


M. BACK PROPAGATION ALGORITHM 


The implementation of back propagation algorithm can be 
given as follows [22]: 
i. Initialize the weights to small random values. 
ii. Choose a pattern Xx, k=1,2, —---, n and apply it to the input 
layer. 
iii. Propagate the — forwards through the network using 


y=f(S,) j=1,2, -—-, h 
h 

q=% WV 
jel 


=f(q) i= 1,2,--~—-,m 
iv. Compute the deltas for the output layer b y comparing the 
actual outputs y, with the desired ones y, for the pattern x; 
being considered. 


8, = f(q) (yt - y) 


v. Compute the deltas for the hidden layers by 
propagating the errors backwards 


A,=f(S) = wð, 
jul 


vi. Use w,(t+1) = w,(t) + ny, 
Wut+1) = Walt) + NA, x, 
to update all connections. 
vii. Go back to step ii and repeat for the next pattern. 





Fig.2: Architectural graph of a three layer perceptron with one 
hidden layer 

A single neuron by itself is not a very useful pattern 
recognition tool. The real power of neural networks comes 
when neurons combine into the multi layer structures [23]. In 
the designed three layer neural network, the first layer 
contains two neurons for two inputs: error (e) and change of 
error (Ae) respectively, whereas the second Jayer or the hidden 
layer contains thirty neurons and the third layer use only one 
neuron to get the output (u) value. 

The neurons of the first layer receive the inputs, then the 
linear combiner and the activation function are applied to the 
inputs to produce the outputs, as shown in Fig.2. These 
outputs of the first layer then act as the input of the second 
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layer and in this way calculates the output in the final layer. 
The function signal appearing at the output neuron ts 
computed, expressing it as a continuous nonlinear function of 
the input signal and synaptic weights associated with that 
neuron. 

To design a neuro-fuzzy controller from 36 if-then rules, in 
each epoch calculate the deviation (d); 1.e. difference between 
desired output value and actual value calculated by neural 
network. Using the equation (2) calculate epoch error in every 
iteration. 


Where n ts the number of iteration and j is the number of rules 
for each epoch. Changes of synaptic weights are calculated by 
passing the data sets randomly one by one. Thirty fuzzy rule 
bases taken from thirty-six fuzzy rule bases randomly to train 
the network. Epoch error (Ena) ts calculated, and it goes. on 
until the difference of epoch error (AE „=E p - Em) reaches to 
0.0001. 

Once the training is over, the proposed Neuro-Fuzzy 
Controller is used in a linear and a nonlinear process by proper 
tuning of the inputs and output to judge the effectiveness of 
the controller. 

NFC can be represented as 

Ny*u(k) = F (N,*e(k), Nae*Ae(k)) 
Where Ne, Nas and N, are the scaling factors (gain) for e, Ae 
and u respectively, and F is a nonlinear function representing 
the NFC. 


IV. RESULTS 


In this section, I studied the performance of Neuro-Fuzzy 
Controller for a second order linear and a nonlinear process. 
Different performance parameters such as rising time (t), 
settling time (t), % peak overshoot (M,), integral absolute 
error (IAE) and integral of the time multiplied absolute error 
(TAE) are studied to analyze the performance of the 
controller [1]. The two integral criterion LAE and ITAE are 
considered because mere visual observations of response 
curves are not always enough to make a good comparison 
between different types of controllers. Large errors contribute 
heavily to LAE; on the other hand ITAE penalizes heavy errors 
that occur late in time. Thus JAE and ITAE show true 
characteristics of the control system. 


A. Performance analysis of the NFC 
Study as well as analysis is made if the performance of NFC as 
applied to a linear and a nonlinear process with different time lag (8). 


B. Numerical Example: 
1. For Second Order Linear Process 
d’y/dt? + dy/dt + 0.2y = u (t - 8) 
The scaling factors are set at N. = 0.9, Na = 5 and Ny = 3 


2. For Second Order Nonlinear Process 
d’y/dt? + (dy/dt)? + y =u (t - 8) 
The scaling factors are set at N. = 0.3, Na. = 5 and N, = 19.5 
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Table II: Performance analysis of the linear model 
d’y/dt? + dy/dt + 0.2y = u (t - 5) 
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d’y/dt? + (dy/dt)* + y = u (t - 5). Here dashed, solid and 
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Tabie II: Performance analysis of the nonlinear model 
d’y/dt? + (dy/dt)? + y = u (t - 8) 
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The performance of the linear model is shown in Fig.3 and 
Table II. The performance of the linear model d’y/dt? + dy/dt 
+ 0.2 y = u (t - 8) is very good in all respects using NEC, 
specially it gives very low rise time and settling time and 
variations in time lag (6) does not hamper the process 
performances except overshoot. The nonlinear model d*y/dt? + 
(dy/at)’ + y =u (t - 8) shown in Fig.4 and Table IHI also gives 
satisfactory performance for the application of NFC. 
Especially the models show very fast response while NFC is 
used. 


V. PILOT STUDY 


A. HVAC SYSTEM 

Heating, Ventilation and Air-Conditioning (HVAC) 
systems require control of environmental variables such as 
pressure, temperature, humidity etc. Most of the controllers 
commissioned in HVAC systems are of Proportional-Integral- 
Derivative (PID) type, due to its relatively simple structure. 
But the tuning procedure of a HVAC system may take a 
control engineer up to three days to search for a proper PID 
controller setting for an air pressure loop in a building. The 
situation is even worse, if re-tuning is needed and this is true 
for many large HVAC systems. It is also realized that many 
loops in practice are poorly tuned due to lack of process 
knowledge of control engineers. Therefore, it is highly 
desirable to develop workable technology for HVAC 
industries. 

A typical cooling only HVAC system is shown in Fig.6. In 
the system, the outside air is mixed with the building return 
air. Then the mixed air (supply air) is sucked through the 
cooling coil via a filter by a supply air fan. The cooled air is 
then supplied to different zones as shown in the figure. In this 
HVAC system, the supply air pressure is regulated by the 
speed of a supply air fan. Increasing the fan speed will 
increase the supply air pressure, and vice versa. The dynamics 
of the control signal feeding to the fan Variable Speed Drive 
to the supply air pressure can be modeled as a second order 
plus dead time plant. 


The transfer function of the supply air pressure loop is 
obtained as 

G(s) = 0.81 e7*/ (0.2s+1) (2s+1) ...... (3) 
Where gain (K) = 0.81, t ;=0.2, T 2 =2 and dead time (6) = 2. 





Table IV: Performance analysis of the supply air pressure loop 
model (0.81 e~”) /(0.2s + 1)(2s + 1) in HVAC 
system using NFC 
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Fig.5: Pena characteristic curve of HVAC aaa air 
pressure model (0.81 e~) /(0.2s + 1)(2s + 1) using 
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Fig.6: A typical HVAC system 
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B. Comparison of Practical Performance with 
Existing Methods 

In order to demonstrate the effectiveness and robustness, 
the performance of the proposed NFC has been compared 
with those of existing methods, the Bi, Cai’s PID controller 
and Jian, Cai’s ANF controller [24] for supply air pressure 
loop control. The results are provided in Fig. 5 and in Table 
lV. For the application of NFC, substantial improvements 
have been observed in settling time and also in peak 
overshoot for the transfer function of the air supply model 
0.81 e®™ / (0.2s+1) (2s+1) compare to ANF and PID 
controller. Compare to 0.147% overshoot by NFC, PID 
controller and ANF controller shown an overshoot of 
17.9% and 0.9% respectively. Similarly NFC shown 3.1 
seconds settling time compare to PID controller’s 16.2 
seconds and ANF controller’s 10.6 seconds. 


VI. CONCLUSION 


The results show that the designed Neuro-Fuzzy 
Controller does not hamper the process performance. This 
scheme differs from others as it attempts to use the smaller 
number of rules during controller design. The objective of 
using less number of fuzzy rules is leading to a smaller 
amount of computational time while running a plant. The 
operators / control engineers can easily tune the controller 
according to the process requirement. The results show that 
the NFC does not hamper the HVAC process performance 
and also works satisfactorily in other linear and nonlinear 
models. Thus it can be expected to exploit in other loops of 
HVAC system and other application areas in future. 
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Abstract— Voltage stability analysis is very important for 
predicting the potential voltage instability. Load modeling plays a 
key role in voltage stability assessment. In this paper Leverberp- 
Marquardt based Neural Network algorithm is used for load 
modeling. In this paper a general comparison has been made with 
modal analysis and our proposed approach. The proposed 
methods are tested either on the IEEE 30 — bus system. 


Key words— Artificial Neural Network, Modal Analysis. 


I. INTRODUCTION 


As power systems are operated under increasingly 
conditions, the ability to maintain voltage 


stability becomes a growing concern. In planning and 
operating power systems, the analysis of voltage stability for 
a given system state Involves the examination of two aspects; 

a) Proximity: how close is the system to voltage 
instability? 

b) Mechanism: when voltage instability occurs, what 
are the key contributing factors, what are the voltage-weak 
points, and what areas are involved? 

Proximity gives a measure of voltage security 
whereas mechanism provides Information useful in 
determining system modifications or operating strategies 
which could be used to prevent voltage instability. 

Voltage stability is indeed a dynamic phenomenon 
and can be studied using extended transient/midterm stability 
simulations. However, such simulations do not readily 
provide sensitivity information or the degree of stability. 
They are also time consuming in terms of CPU and 
engineering required for analysis of results. Therefore, the 
application of dynamic simulations is limited to investigation 
of specific voltage collapse situations, including fast or 
transient voltage collapse, and for coordination of protection 
and controls. 


Voltage stability analysis often requires examination 
of a wide range of system conditions and a large number of 
contingency scenarios. For such applications, the approach 
based on steady state analysis is more attractive and, if used 
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properly, can provide much insight into the voltage/reactive 
power problem. 


A number of special algorithms have been proposed in the 
literature for voltage stability analysis using the static 
approach. : In general these have not found widespread 
practical application, and utilities tend depend largely on 
conventional power flow programs to determine voltage 
collapse level of various points in a network. However, this 
approach is laborious and does provide sensitivity 
information useful making design decisions. 

The concern for remaining bus voltages’ stability 
has been growing. Many voltage instability incidents have 
occurred around the world. Some of these incidents even 
caused partial or complete blackout (voltage collapse). 

The power flow based static techniques and 

quasistatic techniques are still prevailmg on voltage stability 
analysis in many utilities since they are simple, fast, and 
convenient to use either for estimating the static voltage 
stability indices or determining the robustness and stability 
patterns of the test systems. However, the static based voltage 
stability needs further confirmation by using time -domain 
simulation. And voltage collapse may occur well before the 
critical point predicted by steady- state power flow study. 
More importantly, for dynamic interaction of various loads 
with different characteristics initiated by heavy load buildup, 
Line strip, etc., still using steady state or quasi-steady-state 
analysis may give misleading results. Thus, static techniques 
and dynamic methods should be coordinated to give accurate 
and timely results. 
Voltage collapse is a dynamic phenomenon in nature, closely 
associated with overall dynamic characteristics of loads 
connected to a specific bus (a weak load bus). With complex 
composition of loads with different dynamics, it may be very 
difficult, if not impossible, to establish the time-varying 
dynamic, interaction of all those loads connected to a load 
bus. However, modeling of each and every load component is 
not practical. Use of aggregate models describing the overall 
dynamics might be possible. 

Motivated by this fact, the dynamics of all down- 
stream loads and voltage control equipment were modelled as 
a generic dynamic load model with many factors contributing 


Proceeding of International Conference MS'07, India, December 3-5, 2007 


to voltage collapse simplified. 

Usually the component based load model is used in 
some utilities. This load modelling approach is very much 
dependent on the accurate statistics of various power 
consuming devices. Furthermore, dynamic loading 
characteristics are too complex to be expressed in a simple 
form (or analytic form). Neural networks may be an 
apprepriate choice. 

In this paper, neural networks will be applied for 
modeling the static load characteristics and dynamic load 
flow. This model will be use with the conventional power 
flow study. The resulting Jacobin will be used for judgment 
of power system stability. The loading conditions are 
classified through Levenberg - Marguarat neural networks. In 
a word, the whole methodology will make use of a neural 
network model for voltage stability analysis and assessment. 

For comparison there is a need for analytical tools 
capable of predicting voltage collapse in complex networks, 
accurately quantifying stability margins and power transfer 
limits identifying voltage-weak points and areas susceptible 
to voltage instability, and identifying key contributing factors 
and sensitivities that provide insight into system 
characteristics to assist in developing remedial actions. 

This paper describes a modal analysis approach with 
the objective of meeting the above requirements. It involves 
the computation of a small number of eigenvalues and the 
associated eigenvectors of a reduced Jacobian matrix which 
retdins the Q-V_ relationships in the network and which 
includes the appropriate characteristics of generators, loads, 
reactive power compensating devices, and HVDC converters. 
This parallels the use of modal analysis for small signal 
stability studies. However, by using the reduced Jacobian 
instead of the system state matrix, the focus is on voltage and 
reactive power characteristics. The cigenvalues of the 
Jacobian identify different modes through which the system 
could become unstable. The magnitude of the eigenvalues 
provides a relative measure of proximity to instability. 

The eigenvectors, on the other hand, provide information 
related to the mechanism of loss of voltage stability. Fast 
analytical algorithms for selective computation of a specified 
number of the eigenvalues make the approach suitable for.the 
analysis of large complex power systems. In addition, by 
appropriate choice of system models, the method can be used 
to analyze snapshot power flows representing different time. 


If. MODAL ANALYSIS FOR VOLTAGE STABILITY EVALUATION 

A system is voltage stable at a given operating condition if 
for every bus In the system, bus voltage magnitude increases 
as reactive power Injection at the same bus is increased. A 
system is voltage unstable if, for at least one bus in ‘the 
system, bus voltage magnitude decreases as the reactive 
power Injection at the same bus is increased. In other words a 
system is voltage stable if V-Q_ sensitivity is positive for 
every bus and unstable if V -Q sensitivity Is negative for at 
least one bus. 


A. Reduced Jacobian Matrix 


The linearized steady state system power voltage equations 
are given by. 


ped cated be 
AQ) | Joe or LAY a) 


where, 

AP = incremental change in bus real power. 

AQ = incremental change in bus reactive power injection. 
AQ = incremental change in bus voltage angle. 

AV = Incremental change in bus voltage magnitude 

If the conventional powerflow model Is used for 
voltage stability analysis. the Jacobian matrix in (1) Is the 
same as the Jacobian matrix used when the powerflow 
equations are solved using the Newton-Raphson technique. 
With enhanced device models Included, the elements of the 
Jacobian matrix in (1) are modified. 

System voltage stability is affected by both P and Q. 
However at each operating point we keep P constant and 
evaluate voltage stability by considering incremental 
relationship between Q and V. This is analogous to the 
Q-V curve approach. Although incremental changes in P 


are neglected in the formulation, the effects of changes in 
system load or power transfer levels are taken Into account 
by studying the incremental relationship between Q and V at 
different operating conditions. 

To reduce (1), let AP = 0, then. 


AQ=W oy Joop -I Av=J,AV (2) 


and, 

AV=J, AQ: 6) 

where, 

Jn =WUov -Jor -lW,,) O) 


Jp is called the reduced Jacobian matrix of the 
system. Jp Is the matrix which directly relates the bus voltage 
magnitude and bus reactive power injection. Eliminating the- 
teal power and angle part from the system steady state 
equations allows us to focus on the study of the reactive 
demand and supply problem of the system as well as 
minimize computational effort. 

The program developed also provides the option of 
performing eigen-analysis of the full Jacobian matrix. If the 
full Jacobian is used,however the results represent the 
relationship between (A@,AV) and (AP,AQ). Since 
A@ is Included In the formulation, it is difficult to discern 
the relationship between AV and (AP ,AQ) which is of 
primary importance for voltage stability analysis. Also modal 
analysis using the full Jacobian matrix is computationally 
more expensive than using the reduced Jacobian. For these 
reasons we have chosen the reduced Jacobian approach. 


Modes of Voltage instability : 
:+Let ' 


Jp =Gan (5) 
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where, 


¢ = right eigenvector matrix of Jg 

1) = left eigenvector matrix of Jg 

A = diagonal eigenvalue matrix of Jp 
and 


I =E © 
From (3) and (6), we have 
AV=EA' AQ (1) 


or 


AV = Shag 
A 
where ¢ is the i" column right eigenvector and 77, the i™ 
row left eigenvector of Jg. 

Similar to the concept used in linear dynamic system 
analysis, each eigenvalue A, and the corresponding right and 
left eigenvectors & and 77, define the i mode of the system. 
The i model reactive power variation is, 


AQa = Ki, (9) 


where, 
K’ 2, Š yı 7] 
d (10) — 


With Sj the j* element of £, 
The corresponding if model voltage variation is 


l 
AV = g {em (1 1) 


It is seen that, when the reactive power variation is 
along the direction of &; the corresponding voltage variation 
is also along the same direction and magnitude is amplified 
by a factor which is cqual to the magnitude of the inverse of 
the i”. eigenvalue. In this sense, the magnitude of-each 
eigenvalue A; determines the weakness of the corresponding 
modal voltage. The smaller the magnitude of à; the weaker 
the corresponding modal! voltage. If | A; | =0 the i® modal 
voltage will collapse because any change in that modal 
reactive power will cause infinite modal voltage variation. 

In (8), let AQ = e, where e has all its elements zero 


except the k” one being 1. Then, 


AV =} Tasi (12) 
1 A 
where lk the k® element V -Q sensitivity at bus k 
OV, Cull 
Ort ey Skla 
60, A 
=, te (13) 


A, 


A system is voltage stable if the eigenvalues of the 
Jacobian are all positive. Those who are used to small signal 
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stability analysis using eigenvalue techniques may find the 
requirement for the eigenvalues of the Jacobian to be positive 
for voltage stability a little confusing because in the study of 
small signal stability, an eigenvalue with positive real part 
indicates that the system is unstable. The relationship 
between system voltage stability and eigenvalues of the 
Jacobian Jg is best understood by relating the eigenvalues of 
Jx with the V-Q sensitivities.(which must be positive for 
stability), at each bus. 

For practical purposes. Jp can be taken as a 
symmetric matrix and therefore, the eigenvalues of Jg are 
close to being purely real. If all the eigenvalues are positive, 
Jn is positive definite thus V-Q sensitivities are also 
positive indicating that the system is voltage stable. As the 
system is stressed, the eigenvalues of Jp become smaller 
until, at the critical point of system voltage stability, at least 
one of the eigenvalues of Jp becomes zero. 

If some of the eigenvalues of Jp are negative, the system 
has passed the critical point of voltage stability, because the 
eigenvalues of Jg change continuously from positive to zero 
to negative as the system is stressed. 

While the magnitude of the eigenvalues can provide a 
relative measure of the proximity to instability, they do not 
provide an absolute measure because of the non-linearity of 
the problem. This is analogous to the damping factor in small 
signal stability analysis, which is indicative of the degree of 
damping but is not an absolute measure of stability margin. If 
a megawatt distance to voltage instability is required, the 
system is stressed incrementally until it becomes unstable 
and modal analysis applied at each operating point. The 
application of modal analysis is to help in determining how 
stable the system is how much extra load or power transfer 
level should-be added, when the system reaches voltage 
stability critical point, to determine the voltage stability 
critical areas and to describe the mechanism of instability by 
identifying elements which participate in each mode. 


B. Bus P&rticipations l 
The participation factor of bus k to mode í is defined as, 
Py = Epa (14) 


From (14), Py indicates the contribution of the i® 
eigenvalue to the V-Q_ sensitivity at bus k. The bigger the 


value of the P,, more Å, contributes in determining V -Q 
sensitivity at bus k. For all the small eigenvalues, bus 
participation factors determine the areas close to voltage 
instability. 

C. Branch and Generator Participations 

When the change in reactive power injection is AQ the 
resulting voltage variation is AV_, and the i” modal angle 
variation 18, 

Abp =J pg IpyAVe, (15) 
with AV and A@ known, the linearized reactive loss 
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variation across transmission branch l, AQ, a and the 
linearized reactive power output variation at generator gk 
AQ,,, can be calculated. 


D. Calculation of Eigenvalues and Eigenvectors of Jp 


It is impractical and unnecessary to calculate all the 
eigenvalues of a system with several thousand buses. An 
algorithm for calculating the minimum singular value and the 
corresponding left and right singular vectors. for both the full 
Jacobian and the reduced Jacobian, has been developed in 
[14]. The problem with using the minimum singular value or 
the minimum eigenvalue as voltage stability index lies in the 
fact that for a large complex system there is usually more 
than one weak mode associated with different parts of the 
system. As a system is stressed. the mode associated with the 
minimum singular value or the minimum eigenvalue of the 
base case system may no longer be the most troublesome 
mode. If the m smallest eigenvalues of Jg are determined. we 
have obtained the m least stable modes of the system. If the 
biggest of the m eigenvalues, say mode m. Is deemed a strong 
enough mode. the modes which are not calculated can be 
neglected because they are known to be stronger than mode 
m. | 


E. Load Model 


Voltage dependency of load real and reactive power may 
have large impact on system voltage stability. The load is 
modelled as the sum of several components, each of which is 
different exponential function of voltage: 


P => PV” (16) 
i 
Q => QV’ (17) 


HI. NEURAL NETWORKS FOR FUNCTION APPROXIMATIONS. 


There are many results about feed-forward neural 
networks. One of the remarkable results is about its function 
approximation capability. Back propagation algorithms ‘can 
be used for training feed-forward neural networks. Since 
steady-state or quasi-steady-state power systems can be 
viewed as static processes, the relation between the load 
demand and voltage magnitude at a specific load bus is static. 
This static relation can be further viewed as a continuous 
mapping from voltage magnitude to load real/reactive power. 
Thus feed-forward neural networks can be applied for steady- 
state analysis. 

Since almost all physical systems are essentially dy- 
namic, their behaviors can no longer be described in terms of 
a static mapping from the input space to the output space. A 
way out may be the use of recurrent neural networks which 
can be state-feedback bused, or output feedback based. The 
complex input-output dynamics can be estimated and 
approximated by these two kinds of neural networks. A 
natural choice of the performance criterion for such neural 
networks would be the weighted summation of the square of 
the error between the target sequence and the output 
sequence of the neural networks. The dynamic back- 
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propagation algorithm is very useful for training a recurrent 
neural network to follow a pre-specified temporal output 
sequence if the network is fed the pre-specified input 
sequence. Power systems are essentially dynamic, but 
dynamic load flow is too complex to be expressed in a simple 
form. Recurrent neural networks may be an appropriate 
option, 

Since power systems infrequently experience large 
instabilities, complete data, and accurate simulation may be 
limited. Therefore, an indicator is convenient which may 
show whether dynamic analysis or static analysis is suitable. 
Since loads are varied randomly with time, an appropriate 
choice for this indicator would be a back propagation neural 
network which may capture the probability topology of the 
loading conditions. The selection of the inputs to this 
artificial neural network would be very important. Since a 
specific bus or associated local areas is often the main 
concern, the loading patterns are very dependent on load 
demands and voltage magnitudes of such a bus and 
associated buses. 


A. Load Modeling 
Static load characteristic can be given by 


P=F(0,f) 
Q =G, f) 


where P and Q are real power and reactive power at 
some bus, respectively; v and f are associated voltage and 
frequency, respectively; F(.) and G(.) are generally nonlinear 
functions. 

We are more concerned about voltage stability than 
frequency stability since usually voltage decays much faster 
than frequency does during power system instability. Thus, 
the above equations may be simplified. 

A feed forward neural network can be applied to 
model these two nonlinear functions. Since sensitivities are 
useful in power flow study, the calculation of the sensitivity 
of the output with respect to the input of the neural network 
should be performed. 

Let the input be x, output y. 


l 
Then the sensitivity 3s can be computed by applying the 
chain-rule. For neurons i,j, if neuron j synapses onto neuron i, 
then j >i. If j—i,w, and 8, are the weight from neuron j to i 
and the threshold of neuron i. Let x; denote the activity of 
neuron j. Then activation of neuron i can be given by 


5, =0,+)) Pere 

Inserting the calculated sensitivities into load flow 
equations, which model the power system networks, yields 
the linearized form of load flow equations. With the em- 
ployment of modal analysis, information about relative 
robustness of load buses can be obtained. 


IV. STATIC VOLTAGE STABILITY ANALYSIS 


The JEEE 30-bus system is used for simulation. The 
resulting neural-network load model for bus 7 in the IEEE 30- 
bus system combined with the Newton—Raphson method is 
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used in the load flow study and the results are shown in Table- 
I. It can be observed from the results that if the randomly 
added loads are ignored, the results may be optimistic; if the 
random loads are considered to be their average values, the 
resulted power flow study may be over-simplified, and that the 
neural networks used present an approximately accurate 
representation of the nonlinear relation between the random 
loads and the bus voltage magnitude, and thus give reasonable 
results. The eigenvalues in Table I are all positive and, through 
modal analysis, suggest that the power system is still stable. 


Tablke-I 


Load a Load 
Model Model 
= 
Load 
Load 


Eigen 
Values 


This paper presents a neural network methodology for 
dealing with static load modeling. The load patterns are 
classified by feedforward neural networks. Based on the static 
‘load model voltage stability analysis is performed. The 
sensitivities involved in neural-network models for loads are 
derived, and are then used in the Jacobian matrix, and further 
for the modal analysis. The neural-network methodology is 
tested on both the IEEE-30 bus system. The method includes 
detailed component models, which may have significant 
impact on system voltage stability. The results evident that the 
proposed method is well suited to voltage stability assessment 
of large complex systems. 














V. CONCLUSION 
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Electrical Fault Supervision in Induction Motors 
Using Neural Networks and Multiple Models 
Approach 


Z.IDER' and B. MENDIL’ 
"Electrical Engineering Department 
A. Mira University of Béjala 


Abstract —— The work presented in this paper concerns the use 
of the multiple models approach for Fault Detection and 
Accommodation (FDA) of in induction motors. Several 
analytical models describing the different operating modes of 
the plant (without and with clectrical faults) and a bank of the 
corresponding controllers are to be managed by a supervision 
bloc. Artificial Neural Networks (ANNs) have been trained to 
drive the motor even in the presence of a fault. The obtained 
results show the effectiveness of the proposed approach. 


Key svords: Multiple models approach, fault detection and 
accommodation, induction motors, neural networks. 


J. INTRODUCTION 


Squirrel Induction Motors, with their robustness 
and good weight/power ratio, are widely used in industry. 
Safe and continuous operation requires preventive and 
corrective maintenance schedule. This allows personal 
safety, service quality and profit of installations. 
Unfortunately, the integration of these machines in more and 
more complex power conversion systems makes the 
diagnosis more difficult. 

In some complex systems, detection and location of 
faults is insufficient to allow safe operation. Often, this must 
be associated with an accommodation stage by online 
modification of the control law. The aim is to stabilize the 
system and guarantee good performance even after fault 
occurrence. 

In the few last decades, the analytical redundancy 
approach for the design of fault accommodation structures 
has received more attention [1,7,8,9]. This, instead of 
material redundancy, uses only analytical models 
characterizing different operating modes. 


Our aim in this work, initiated in [2,3], is to test this 
approach for electrical FDA in induction motors. ANNs 
have been used to construct different blocs. The main 
advantage of this strategy is the online fault detection and 
decisions-making by reconfiguring the control system. We 
note that this paper concerns only the electrical faults. 
Another study on mechanical faults using experimental data 
has been performed in [2,4]. 


Algeria. 


I. INDUCTION MOTOR MODELS 


This section outlines the different models of the squirrel 
induction motor corresponding to the safe operation and the 
considered electrical faults. In all models, the following 
simplifying assumptions have been considered: 

- Infinite iron permeability; 

~ Smooth air gap; 

- Sinusoidal distribution of air gap flux density; 

- Negligible saturation; 

- Rotor cage with regularly distributed non- skewed bars 

and with no inter-bar currents. 


A. Safe Induction Motor 

The global Park model of the induction motor 
without faults with respect to stationary two-axis (dq) frame 
fixed to rotated field is given by 


lectrema ions: 
Z di, di. : ; 
Via =R XE tL A P aes -L xa Xi -MsK Xi wy 


d di 
VFR Xi, +L, eM Xe +L, XQ) Xi tM sa) Xi, (1) 
0=R.Xi +L, h Mo —L, Xa) Xi, -Ms ka) Xi 


: dj, di, i l 
PERT tM p ORL Xia MSKA 


. where 


Q=0-o0 and w=p.92 
@,: pulsation of the stator variables; 
@ : pulsation of the rotor variables. 


Torque Equation: 
Msr 


C, = Pa aign Xia (2) 


where 2 is the angular velocity and p is the number of the 
pole pairs. 

Via Vig: d and q axis stator voltages; 

ind tng: d and q axis rotor currents; 
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Ort Org: d and q axis rotor flux; 

R» R,: stator and rotor referred resistor; 
L, Lr : Stator and rotor cyclic inductances; 
M,,: stator-rotor mutual inductance. 


B. Induction Motor with Electrical Faults 


In this work, we have considered three electrical faults: 
-Broken bars fault; 


-Broken end- ring fault; 
- Inter-turn short-circuit in the first stator phase. 


1. Motor model with short-circuits in the stator phase SA 


A fault in the turns of the stator winding leads to 
great value of the current in the short-circuited turns, of 
order of two with respect to that of the locked rotor. This can 
Causes irreversible damages to the core. 

An inter-turn short circuit denotes short circuit 
between two windings in the same stator phase. The 
electrical circuit of an Y-connected stator is shown on Fig.l. 
A short-circuit between the star point of the motor and an 
arbitrary point of the coil is illustrated. 


| 
soy 





» ix 
Fig 1 Simplified electrical diagram of a three phase Y-connected stator 
with an inter-tum short circuit in phase S, 


The short-circuit model into dgo coordinates frame fixed to 
Stator, is given by 


MR, |. dig Mef Mr 
wef METETA ON] 


(3) 
is 
epre] 
where 
tafa Ye-igc0s0} 
(4) 


a= fag 2 Yerirsin6) 





M? 
=ų| | —-——= | : Coefficient of dispersion 
L Lr 


Ya : Amount of turns involved in short- circuit in phase S,. 


Torque Equat lon: 
The electromagnetic torque equation including the fault term 
is given by 
C. => M lade -igi -EM Yairi (5) 
2. Modelling Rotor Cage Induction Motors for Fault 
Detection 

In spite of the induction motor reliability, it can 
present structural faults such as the total or partial rupture of 
bars and broken end-ring portion To detect and 
accommodate these faults, we need models that take into 
account of the transient behavior corresponding to each 
situation. 
The rotor is viewed as a set of interconnected meshes. Each 
one is formed of two adjacent bars and the portion of the 
end-ring which connects them. 


The equation to resolve is given by 
dll 
A= (LY ÅU- (RL) 


a 

where the inductance and resistor matrices [L] and [R] are 
defined in Appedix!I. 

The voltage and the current vectors [U] and FI] are given by : 


[U ]=[ Vy V0 00]? 


e i ; : . Ir 
[=È isa isg Oiso =o y Gag. <is0ie 


orque tion: 


3 
C, s 23 a Die sitka—T 2 cosia (T) 
i'=O 
Mechanical Equation: 
All the models stated above are characterized by the 
following mechanical equation 


1, "+ F.Q=C,-C, (8) 


where: 
C, is the load torque, Q is the angular speed, Fr is the 
friction coefficient, and J, is the mertia moment. 


Simulation 

In order to illustrate the effect of a fault on the 
dynamical behavior of the motor, we have considered, by 
simulation, the case of the inter-turn short-circuit (100 
turns/160). One can see the increase of the speed of the 
faulty motor. The effect is more apparent on the torque 
response, leading to great oscillations. 
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t peg 


Fig.2. Speed and torque of the induction motor (—~ safe, —with fault) 


lil. NEURAL CONTROLLERS DESIGN 


It has been demonstrated that neural networks are 


universal approximators that can model any nonlinear 
mapping [06]. In particular, a neural network can be used to 
emulate the dynamical behavior of a plant or to learn how to 
drive the latter to attain some goal. In this work, neural 
networks of one hidden layer (of 7 to 10 units with 


sigmoidal activation functions) and a linear output layer 


have been used. 
Learning control system Structure: 


The neural controllers corresponding to the four 
operating modes (safe and three electrical faults) have been 
trained using the inverse neural control scheme illustrated by 
Fig.3. Each controller is trained, based the corresponding 
model, to implement a control law of the form: 


UW) = g7 Yk), Y(k-n,), Uk- D.. (k-n) (9) 


The controllers have been trained, during 2 seconds 
using a sampling time T,=0./ms (20000 samples), to 
generate the adequate three-phases control voltages. The 
input vector, of 12 components, consists of reference inputs 
(angular velocity, torque, and desired current) and the 
feedback variables (past values of the controller outputs and 
02 past values of the plant outputs). Learning has been 
performed using the Levenberg-Marquardt algorithm [05]. 


ra 
i 
[a] 
a 
* 
a 
a 
= 
a 
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Fig 3. Learning control system structure 
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Our goal is to allow to.the motor to follow the reference 
speed with steady-state value of 3/4 rad/sec, even after 
occurrence of a fault (see Fig.5.). The other reference signals 
are characterized by the following steady-state values: 
torque (3.5 N.m) and phase current «Sa» (4A). 
From the simulation results (Fig.4 and 5), we can see that: 
- Healthy Motor: the outputs follow the reference 
signals with a slight difference just after load 
application at time 0.5s (5000 samples). 


- Faulty Motor the outputs follow the references, but 
with speed oscillations and important torque and current 
overshoots, after load application at time 0.5s, 


f ye ce r tailed 
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Fig.5. Response of the faulty motor (inter-tum short-circuit) (— references, 
—~—— response), 
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IV, ELECTRICAL FAULT DETECTION AND 
ACCOMMODATION IN INDUCTION MOTOR 
USING THE MULTIPLE MODELS APPROACH 


Traditionally, the design of a control system is based on 
a fixed model by assuming small changes of the plant and its 
environment. The adaptive control ts the best way to deal 
with important but slow changes. Nevertheless, it reacts 
slowly to abrupt changes. This leads to important transient 
errors or completely unstable plants. Hence, alternative 
methods are required, 


The multiple models approach is a powerful tool to 
drive complex plants that operate in time variant 
environments that can present sudden changes from a 
context to another. 


Our work deals with the application of this strategy to 
ensure good performance of during induction motor 
operation, even in the presence of a fault. This structure of 
the system is given by Fig.6. 


At each moment, the supervisor detects the current 
Operating mode and selects the corresponding controller. 
This is based on the dynamic comparison of the plant 
outputs with those of the models, using performance indices 
of the form 


M 
Je(k)= a, .e7(k) + B. Se ek- 
rel 


(i =1,...,4) 

a>OandB, A >0 
where Œ and p are free parameters that can be chosen to 
yield a desired combination of instantaneous and long-term 


accuracy measures. The forgetting factor A determines the 
memory of the index in rapidly switching environments. 


(10) 


The switching scheme consists of monitoring the 
performance indexes j, (kK) at every instant. 


i 
a=) 
& 
s 
4 
© 
5 





Fig.6: Multiple models control structure for electrical fault detection and 
accommodation in the induction motor 
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Simulation: 

The plant has been simulated for 02 sec. After safe 
operation, a fault, randomly selected, has been introduced at 
tl= Olsec. For good switching indices, their parameters are 


empirically adjusted as follows: 
Plant-Safe model: a=0.5, 40.1, B =l; 
t- Inter- -circut l (SC): 
al=3, Al =0.1, BI =3; 
~ pro 


a2=1, 12=0.1, B2=1; 
: -ri I(B 
a3=3, 13 =0.1, B3 =3. 


The Fig.7 illustrates the process of switching 
between the safe model and the faulty one. We can see 
several fast commutations between these models and the 
corresponding controllers. To overcome this problem due to 
disturbances, a waiting period, Tw. is introduced. After the 
occurrence of a fault, the supervisor waits for Tẹ = 1 msec 
and then selects the controller corresponding the minimum 
index (Fig.8). 
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Fig.8. Switching process with waitng time. 
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rig.9. Response of the faulty motor (inter-turn short-circuit case) using the 
multiple models approach (— references, —— response) 


From the simulation results of Fig.09, we can see 
the effectiveness and the good performance of this approach. 
Beyond the system stabilization, the control system leads to 
a good response with less overshoots and oscillations, even 
in the presence of a fault and after load application. 


V. CONCLUSION 


In this paper, we have presented an efficient approach, based 
on multiple models strategy, for electrical fault detection and 
accommodation in induction motors. Our main contributions 
are: 

- Fault detection in online fashion; 

- Fault accommodation, in real time, by reconfiguring the 
control system. 

This allows system stabilization and ensures good 
performance, during some period of time, after the fault 
occurrence, This may avoid sudden interruption of 
production processes, dangerous operation, etc. This is a 
great advantage compared to off-line techniques (such as 
signal processing). Our study, even incomplete, opens the 
door to more investigations in this field. 
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APPENDIX I 


Symbols and machine parameters: 
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P rated power 1.1 kW 
U rated voltage 380 V 
In rated current 2.6 A 
Rs stator resistance 7.58 W 
e ait-gap length 0.25 mm 
R rotor radius 0.03575 m 
L rotor length 0.065 m 
Ns number of equivalent stator turns/phase 160 
Nr number of rotor bars 16 
p number of poles pair | 
J inertia momentum 0.0054 kg m2 
a2 friction coefficient 0.006 Nm s 
f stator supply frequency s slip 
wr rotor speed pulsation 
ism phase m stator current 
Bsm phase m stator flux density 
qr electrical angle between the 
phase m0 stator coil and the rotor loop k=0 
a electrical angle of a rotor loop 0.3927 
Lsp stator self inductance 0.5711 H 
lst stator leakage inductance 0.0265 H 
Lsc cyclic stator inductance 0.5976 H 
- Lrp rotor-loop self inductance 4.300 mH 
Mrr rotor-loop mutual inductance 0.2867 mH 
Msr stator - rotor-loop mutual inductance 0.4642 
mH 
Re end-ring resistance 100 mW 
Le end-ring leakage inductance 0.1 mH 
Rbk rotor-bar resistance (healthy) 150 mW 
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Rbk rotor-bar resistance (broken) 30 mW 
Lb rotor-bar leakage inductance 0.1 mH 


APPENDIX II 


The inductance and resistor matrices [L] and [R] of 


the rotor cage induction motor are expressed as follows 


ò La -M ^n ja 
Ly MiMe’ M, 
M, LMM, 

La PMen a 

MM, 
-L 

0 0 E 

r 


-M „> ja. 


0 

0 

-L 
N 


-” 


M 
M 


=L 
MaLa M, R 
=L L 


where 


RA o Bs 
0o 0 Ro -Rp - 
Ran Ra RaQ 
0 0 
0 0 Rwy 0 
R 
0o 0 N 


R, Lp: Resistor and inductance of the rotor bar; 
Ra Le: Resistor and inductance of the end-ring; 


The terms La Mp, Rio R g, and Rgn, are defined as follows: 
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2L, 
Li = L; Page a 


r 


M, =M,- L: 


2R, 
Rao = R, t T Re, 3 


r 





2R, 
Ra = Ru H= + Ria- 


Proceeding of Intemational Conference MS’07, India, December 3-5, 2007 


ANN Application for Identification of Minimal 
Loss Feeder Reconfiguration 


P. L.MuthuKaarthik' , P.S.Venkataramu’ , T.Ananthapadmanabha’ 


Vellore Institute of Technology, Vellore, India e-mail:Muthukaarthik@ gmail.com 
? Vellore Institute of Technology, Vellore, India e-mail:venkataramu_ps@ yahoo.com 
3 National Institute of Engineering, Mysore, India e-mail:apn@ yahoo.com 


Abstract--Distribution System Automation(DSA) is being 
carried out very seriously world over to enhance the 
reliability of the system and to minimize the huge losses 
that are occurring in the Distribution System. Feeder 
Reconfiguration(FR) is an Important sub-problem of the 
over all distribution system automation process. Basic 
concept of feeder reconfiguration is to arrive at the best set 
of sectionalizing switches to be opened for a given set of tie 
switch such that the system performance is enhanced. In 
this paper a novel criterion is developed based on the slope 
of the curve between the feeder losses verses receiving end 
voltage. Application of this criterion results in the most 
minimal] Joss configuration for any given loading condition. 
A general MATLAB program is developed to obtain the 
best switching option. The results have been validated by 
comparison with the civinlar’s loss reduction method. 
Further in order to incorporate this algorithm in to the 
DSA switching module, an ANN architecture has been 
designed which can predict the switching option for any 
new unseen loading condition. 


Keywords--Artificial neural network (ANN), Distribution 
system, Feeder reconfiguration, sectionalizing switch, Tie 
switch. 


NOTATIONS USED 


LOSS,, - Loss in the particular line section. 
V,— Receiving end voltage. 

R, — Sectional resistance. 

A, — Sectional inductance. 

a, — Angle in degrees. 

P, — Sectional real power. 

Q, — Sectional reactive power. 


I. INTRODUCTION 


The main purpose of electric power system is to 
efficiently generate, transmit and distribute electrical 
energy. The need for steady power supply with 
minimum power interruption and fast supply restoration 
has also increased. To meet these demands the 
automation of distribution system is widely adopted. FR 
is one of the vital operations to be carried out in 
successful implementation of the DSA. Feeder 
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configuration can be varied so that the load is supplied at 
the cost of possible minimal fine losses, increased 
system security and enhanced power quality. Several 
attempts have been made in the past to obtain an optimal 
feeder configuration for minimizing losses in distribution 
systems [1-8].Civanlar et al. [1] considered one feeder 
pair at a time for loss reduction and derived a formula to 
estimate the loss reduction which would result from 
carrying out a particular switching option. 
Shirmohammadi et.al [2] determined a low-loss 
configuration by applying an optimal load flow analysis 
to the system with all switches closed. The system is 
returned to a radial configuration by opening the 
branches with the least current, considering one loop at a 
time. Baran et.al.[3] used a branch exchange method and 
suggested a mechanism to reduce the number of 
switching options and also developed the approximate 
power flow method to estimate the loss reduction. Liu et 
al. [4] developed two loss minimization algorithms in 
which the authors consider one feeder pair at a time to 
obtain the optimal solution. Chen et.al.[5] presented a 
method to derive an optimal switching plan to achieve 
energy loss minimization for short- and long-term 
operation of distribution systems.. The other approaches 
to feeder reconfiguration considering the ability of 
system transformers and feeders, power loss, and voltage 
profiles have been presented [9-11]. ANN techniques 
have been widely used for many of the Distribution 
System problems. ANN’s are powerful in solving 
problems that are inherently non-linear. ANN-based 
methods are non algorithmic and require no prior 
knowledge of the functions that relate the problem 
variables, and do not make any approximation as in the 
case of most of the mathematical models used.. There 
are few papers on application of ANN techniques and 
fuzzy approach for distribution system automation 
problem [12-20].Dillon et al. [12] applied a single-layer 
neural network for load forecasting of a power system. 
ANN’s have also been applied to static security and 
dynamic security assessment. Kim er al. [14] utilized 
ANN’s for loss minimization on the Korean distribution 
system. It was shown that the developed network 
reconfiguration strategy using ANN can provide the 
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optimal solution for loss minimization of both constant 
and sudden load variations, the authors have shown that 
the method using ANN is more suitable for on-line 
implementation compared with quadratic programming, 
simulated annealing and heuristic methods. Kashem et al 
[15] developed a neural network using FORTRAN and 
the idea behind grouping of inputs for the network was 
clearly mentioned. Das [16] used multiple ANN to 
enhance the accuracy sought in estimating the bus 
voltages. M A Kashe, et.al[ 17-18] made use of the daily 
load curves in training the ANN to predict the switching 
status. Sahoo,N.C.et.al. [19] proposed a fuzzy based 
genetic algorithm and the algorithm was tested on a 69 
bus system. Salazar,H.et.al.[20] made use of the 
clustering mechanism in developing the ANN. 

In this paper a multi layer perceptron ANN architecture 
is designed which uses the error back propagation 
algorithm to predict the switching option for any un seen 
loading condition. The training data for the ANN 
architecture are obtained from the repeated simulations 
using the newly proposed criterion which is based on the 
slope of the curve between the feeder losses verses 
receiving end voltage. 


Il. PROBLEM STATEMENT 


A distribution network is reconfigured by opening 
any sectionalizing switch and closing any tie switch, 
such that the power from the main station is re-routed. A 
whole feeder or a part of a feeder may be served from 
another feeder by closing a tie switch linking the two 
feeders while an appropriate sectionalizing switch must 
be opened to maintain the radial structure of the network. 
So that the resulting Radial distribution system has the 
desirable performance. Amongst the several criteria 
considered for optimal network reconfiguration, loss 
minimization criterion is being widely used. In the 
context of loss reduction, the problem to be addressed in 
this paper is to identify the tie/sectionalizing switches 
that should be closed/opened to achieve the maximum 
reduction in loss. The change in loss can easily be 
calculated from the result of two load flow analysis 
carried out before and after the reconfiguration. But, in 
real time system, even for a distribution system of 
moderate size the number of switching options that can 
be performed is so large that conducting load flow 
analysis for all switching options is time'consuming. In a 
real system, loading of any bus ‘in tum the feeder to 
which the bus is connected keeps varying from time to 
time. So its not possible to maintain the same 
reconfigured network for all the loading conditions. It’s 
practically impossible to reconfigure the network for 
every change in loading condition. So at discrete time 
intervals the network is reconfigured for a minimal loss 
network. To achieve this it is necessary to derive a 
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A (LOSS)  2* V,*Ry(Ry? +j Xy*)*A) 


criterion which eliminates certain switching options and 
also helps in selecting the best option which improves 
the system performance. In this paper a criterion based 
on the slope of the curve plotted between the feeder loss 
and the receiving end voltage is developed. ' 


MI. CRITERION FOR SELECTION OF BEST 
SWITCHING OPTION 


. The criterion is based on the slope obtained by 
differentiating the loss equation with respect to the 
receiving end voltage. The equation is called the slope 
equation as it corresponds to the differential equation of 
first order, To develop the criteria a sample two bus 
system shown in fig.1 is considered. 





RECEIVING END £ 
eus 


S@NDING END 
BUS 


Figure. 1. Two bus system 
Iy = (Py) Q)/0Vi2Z G- Vj} ZG) (1) 
LOSS, = Iy"*Ry (2) 
Substituting 2 in | we have 
LOSS; = (Pj -j Q? / V: L- Vy ZOR, (3) 
The power flow in that particular section is given by 
Pi-j =V ZO) VL- V, EARN R 


‘So substituting 4 in 3 : 


LOSS, = V,? (cosa, — j sino)? * Ry/ Ry +j X 
Upon taking conjugate and eliminating the imaginary 
term and differentiating the resulting equation : 





(5) 

o (V). (R +X; Y 
Where A = ( cos(2* œ)) — (4* Ry* Xq* coso * sinoy) 
Equation 5 is used to compute the slope of each line 
section for base case (all tie switches open and all the 
sectionalizing switch closed) and for selected switching 
options. The best switching option is selected in which 
the maximum number of line section slopes show a trend 
of higher rate of increase. This is justified as the slope 
increase corresponds to decrease in the loss. In 
implementing the proposed criterion, initial selection of 
the possible switching options is carried out using the 
civilnar’s criterion [1]. 


IV. STEP WISE PROCEDURE 
Stepl — The base case (all tie switches opened and 


sectionalizing switches closed) load flow analysis for a 
particular loading condition is carried out. 
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Step 2 — The slope of each line“ section is computed 
using equation 5. 

Step 3 —Civinlar’s criterion to eliminate the undesired 
switching options which would result in an increased 
loss system is applied to select the best options. 


Step 4 -- For all the selected switching options the slopes 


are computed. 
Step 5- The number of line sections having increasing 
slope in comparison with the base case are identified. 


Step 6 — The best switching option is selected in which ' 


the maximum number of line section slopes show a trend 
of higher rate of increase. The losses are computed for 


this switching option and are checked for the reduction 


in value with the base case. 


V. DESIGN OF ANN ARCHITECTURE 


ANN architecture is a computer program that is 
trained to recognize both linear and nonlinear 
relationships among the input and the output variables in 
a given data set. Training data sets are generated by 
carrying out the off-line network reconfiguration 
simulations for different values of P-Q loads. 

Selection of appropriate data set is an important task in 
ANN architecture design. Based on the relevant 
literature review and simulations, bus voltages, bus 
powcrs and the network connectivity between the buses 
(represented by ‘P for connection and ‘0’ for 
disconnection) are considered as input variables. The tie- 
switch position and the sectional switch status (either 
open or close) is the output of the ANN. All the data are 
normalized to enable to capture wide range of data sets. 
Out of the simulated results 13 sets of input and output 
pairs are used for training the ANN and Ssets are used to 
test the ANN accuracy in predicting the out put. A multi 
layer perceptron ANN architecture is designed and the 
training is carried out using error back propagation 
algorithm. 

The developed neural network architecture is tested 
for its reliability and accuracy by feeding an unseen 
loading condition as input data. A program is developed 
to run the loadflow analysis for the given percentage of 
loading of the system. The results of the loadflow 
analysis are piven as input to the file containing the 
weight matrix obtained from the training process. The 
output from the neural network which provides the status 
of all the switches is displayed as the output. 


VI. CASE STUDY AND RESULTS 


Civiniar’s sixteen bus system shown in Fig.2 is used 
as working examples in this paper. Following 


assumptions are made in implementation of the proposed | 


criterion: 
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l. The load transferred during the feeder 
reconfiguration is assumed to be within the thermal 
rating of the feeder to which the load is transferred. 

2. If load on j bus is connected to switch i, then 
all loads along the path from load j to switch : is 
assigned to switch i. 

3, All the line sections connecting the buses of 
the same feeder have sectionalizing switches and line 
sections connecting the buses of different feeder has tie 
switches. 


The system has three feeders connected to a common 
generator, the transmission lines which connect the 
generator to the buses are assumed to be of negligible 
impedance (as the data is not available in the reference 


paper). 





Fig 2: 16 Bus sample system 


There are two cases which are considered in 
simulation and in training the neural network. In case l 
the entire load change of the system in percentage is 
taken into account and in case 2 the load change in each 
feeder is taken into account in terms of percentage. This 
helps to study the system behavior for different loading 
condition in each feeder and the loading condition on the 
whole. The training details are mentioned below for 
these two cases. 





Table I: Number of neurons in each layer of the neural Network 


Due to space constraint only the results of casel with 
100 percent loading condition is displayed here and the 
decimal values taken while calculating the maximum 
number of line sections with maximum rate of increase 
is in the order of 10” 


The ANN output for an unseen loading condition, for the 
same case is displayed in the form of graph. The line 
section in the X axis of the graph represents the order of 
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line sections in the same order as shown in Table II for 
ex. Line section | in the graph represents section 1-4. 
Similarly for both the cases the criterion was applied 
and the best reconfigured network was identified. The 
neural network was also trained for all the cases and 
tested for unseen loading patterns and the result was 
found to be satisfactory. 









EDE 
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D 
T.S — Tie Switch, S.S — Sectional Switch 
Table I No of line sections with increase In slope of all possible 


switching options for a particular loading condition of a compensated 
system 100% loading of the system 


From Table II we can infer that closing tie switch 11 and 
opening sectional switch 7 will result in the minimum 
loss configuration for the given system at a particular 
loading condition. The real loss of the system before 
reconfiguration was found to be 0.512 MW and after the 
reconfiguration the losses were found to be reduced to a 
considerable amount of 0.485 MW which shows that the 
system losses have reduced by 5.39 percent. The results 
obtained were compared with the results proposed by 
civinlar for the same system and it was found that the 
proposed method yielded the same results as in civinlar’s 
criteria. 


Application of the proposed criterion on a test system 
has resulted in identification of the best possible 
switching option as shown in the result. The result 
obtained is compared with the civilnar’s method and 
found that both are same for most of the system loading 
conditions. Due to space constraint detailed results are 
not shown. Further the accuracy of the designed ANN 
architecture 1s illustrated with the sample bar graph 
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Companson between Desired and Cbtaned ofp 





Une atoni 
Fig, 2, Comparison between the Desired and Obtained output 


VII. CONCLUSION 


A novel criterion for reconfiguring the distribution 
system network for any loading condition is proposed 
and the effectiveness of the criterion is demonstrated 
through a case study on a standard distribution network 
and the results are test evaluated with the other standard 
methods. An accurate ANN architecture is designed 
which can predict the switching option for any un seen 
loading condition. The results are very encouraging and 
this criterion along with the trained ANN can be very 
effectively used in real system DSA modules 


The following are the major inferences made based on 
the completed work 
l. Altering the topological structure or 
reconfiguration of the feeder does not always 
results in a loss reduction configuration. In most 
of the possible switching options the losses 
have been reduced significantly but not ın all. 
2. The proposed ANN approach provides 
calculation accuracy and good analysis speed. 
Once the network is trained and evaluated, its 
method can provide a fast switching status of all 
the switches. By using 0 and I of the switch 
status as the desired output the network has 
been trained for the given set of training inputs. 
Hence the proposed method can be applied to 
the real system. 
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Abstract—Nonlinear dynamic time series modeling is a generic 
problem, which permeates all fields of science. It is important for 
the development of abstract models, particularly when the only 
information about the system under study is a time series of 
input-output data pairs, which may exhibit chaotic behavior. The 
authors have developed a soft computing based methodology for 
the modeling of systems represented by such series. Fuzzy logic, 
neural networks and genetic algorithms are considered to be 
principal constituents of soft computing. Of these, the first 
component is primarily concerned with imprecision of data and 
in-formation, the second with learning and the third with 
optimization. It has been realized that it is advantageous to 
exploit the synergism of these methods by using them in 
combination, to develop hybrid models. The proposed model is 
based on the well-established Evolving Fuzzy Neural Network 
and employs a genetic algorithm based method for the 
optimization of the most important parameters that govern the 
development of its structure. These are the sensitivity threshold, 
the error threshold and the number of membership functions, An 
attempt has now been made to adaptively tune these parameters 
and the centers of the membership functions in the condition 
layer, using genetic algorithm in on-lme mode. The well- 
examined Box & Jenkins pas furnace modeling problem, for 
predicting future values of the time series, based on the past 
history, is used as an illustrative example to demonstrate the 
potential of the proposed Genctically Optimized Evolving Fuzzy 
Neural Network model. The proposed methodology may find 
applications in the areas of signal processing, control, weather 
forecasting, economic and business planning and several other 
fields. 


Key words— Evolving fuzzy neural network, neuro-fuzzy- 
genetic system, nonlinear dynamic system, time series modeling. 


I. INTRODUCTION 


HE recent developments in sensor, communication and 
computer technologies have made it possible to 
continuously monitor complex processes in many domains 
such as industry, environment, medicine, economics, etc. The 
data hence obtained, is usually in the form of a time series of 
input-output pairs, often exhibiting nonlinear and dynamic 
behavior. There is no clear relation between cause and effect 
in such systems due to the inherent random phenomena. The 
generate randomness on their own without the need for any 
extemal random inputs. This imposes fundamental limits on 


prediction. Nonlinear dynamical time series modeling and 
prediction has, there-fore, become an important subject of 
research. The traditional statistical / mathematical models for 
nonlinear dynamical processes are inaccurate and difficult to 
derive with limited a priori data. Hence, adaptive models of 
these processes are required in order to achieve good online 
prediction. The soft computing techniques have recently 
provided an alternative approach to mathematical modeling 
and are particularly suited to deal with such situations. 

Soft computing is a consortium of emerging 
methodologies; viz., fuzzy logic, neural networks and genetic 
algorithms. The first is primarily concemed with imprecision 
of data and information, the second with learning and the 
third with optimization. The implementation of soft 
computing is based on the exploitation of the tolerance for 
imprecision, uncertainty and partial truth to achieve 
tractability, robustness and low cost solution. In many 
applications, it is advantageous to exploit the synergism of 
these methods by using them in combination rather than 
alone. Examples of combined use include neuro-fuzzy, neuro- 
genetic, penetic-fuzzy and neuro-fuzzy-genetic systems. 

The most significant requirements of soft computing 
models are tractability (over-coming the curse of 
dimensionality) and model generalization (expanding the 
predictive power of the model to previously unseen 
situations). These are met by the recently developed neuro- 
fuzzy models to a large extent. Furthermore, such models 
provide for a qualitative insight into the behavior of the 
system in the form of easily interpretable fuzzy rules. Their 
design is often formulated as an optimization problem. The 
genetic algorithms are well suited for optimization of multi- 
dimensional, nonlinear and noisy problems. They offer means 
to systematically and efficiently explore the parameter space 
of neuro-fuzzy architectures. They allow optimization of the 
model topology, its parameters, as well as the parameters of 
the learning algorithm. Thus, soft computing is implemented 
in the form of a neuro-fuzzy-genetic system that integrates the 
following techniques: 

l. Fuzzy logic for its linguistic nature, tolerance for 
imprecision and uncertainty in data. 

2. Neural network for its inherently parallel architecture 
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and the ability of abstraction to derive the fuzzy rules. It does 
not require specification of structural relationships between 
input-output data for multi-dimensional, multi-domain, and 
complex data sets. 

3. Genetic algorithm for the optimization of the neuro- 
fuzzy structure. 

This paper presents the design of a neuro-fuzzy-genetic 
system based on Kasabov’s Evolving Fuzzy Neural Network 
(EFuNN) model [1]. The EFuNN is used for modeling and 
prediction of the output of a nonlinear dynamic process and 
genetic algorithm for optimizing its parameters. EFuNN is a 
neuro-fuzzy structure that can evolve to learn the relational! 
mapping existing between the input-output data pairs. It has 
five layers of neurons, viz., input layer, fuzzy input 
membership functions layer, rule node layer, fuzzy output 


membership functions layer and output layer. There are-no ~ 


rule nodes prior to learning and all of them are created during 
the evolving process. The nodes representing membership 
functions, the fuzzy rule neurons and connection weights can 
be modified during learning. Each input variable is 
represented by a group of spatially arranged fuzzy input layer 
neurons to represent its fuzzy quantisation, using different 
types of membership functions. The EFuNN can evolve very 
fast because it uses one pass training based on unsupervised 
reinforcement learning [2]. If the corresponding variable 
values for given input vector values do not belong to any of 
the existing ones to a degree greater than membership 
threshold, new fuzzy in-put / output neurons can be created 
during the adaptation phase of the EFuNN. It is, therefore, 
necessary to employ some optimization procedure, so that the 
growth of the structure during online evolution 1s controlled 
[3]. The authors hence propose a hybrid model that includes 
genetic algorithm and EFuNN. The performance of the 
proposed system is evaluated for the modeling of a chaotic 
time series, by applying it to the Box & Jenkins furnace data. 


I]. EVOLVING FUZZY NEURAL NETWORK 


The Genetically Optimized Evolving Fuzzy Neural 
Network model proposed in this paper is based upon the 
EFuNN proposed by Kasabov [1]. It is. hence, pertinent to 
briefly present the basic idea of EFuNN before explaining the 
Genetically Optimized Evolving Fuzzy Neural Network 
model. 


A. EFuNN Architecture 


As already introduced, the EFuNN model has a five-layer 
structure, shown in Fig. |. Its nodes and connections are 
created and updated online as data is presented. j 

The input layer represents input variables. This layer 
behaves like a simple distribution layer and hence does not 
require specific connection weights. The second layer of 
nodes (fuzzy input neurons or fuzzy inputs) represents fuzzy 
quantization of each in-put variable space. For example, two 
fuzzy input neurons can be used to represent “small” and 
“large” fuzzy values for a particular input variable. Different 


membership functions can be attached to these neurons. The 
authors have applied triangular membership functions. 

The third layer contains evolving rule nodes representing 
prototypes of input-output data associations that can be 
graphically represented as associations of hyper-spheres from 
the fuzzy input and the fuzzy output spaces. This layer 
governs the implementation of fuzzy inference system, with 
the second layer fuzzy neurons interpreted as antecedents of 
the rules and the fourth layer fuzzy neurons as the 
consequents. Each rule node is defined by two vectors of 
connection weights, W,(r) and W2(r), the latter being adjusted 
through supervised learning based on the output error and the 
former being adjusted through unsupervised learning based on 
similarity measure within a local area of the problem space. A 
linear activation function is used for the neurons of this layer. 

The fourth layer of neurons represents fuzzy quantization 
of the output variables. Here, a weighted sum input function 
and a saturated linear activation function is used for the 
neurons to calculate the activation level of mules, by 
evaluating membership degrees to which the output vector 
associated with the presented input vector belongs to each of 
the output membership functions. The fifth layer represents 
the defuzzified crisp values of the output variables. The 
defuzzified values for the output variables are calculated 
using Tagaki-Sugeno model. 


X, 





X, Wh 
Fig. 1. An Evolving Fuzzy Neural Network Structure 


B. EFuNN Algorithm 


The basic steps in the EFuNN algorithm are shown below: 

1. Propagate the current input vector through the network. 

2. Find the highest activated rule node (the winner). 

3. IF the maximum activation is less than the sensitivity 
threshold, add a node. 

ELSE evaluate the error between the calculated and the 
desired outputs. 

4. IF the error over the desired output is greater than the 
error threshold, add a node. 

ELSE update the weights of the connections to the winning 
node, . 

5. Repeat for each training vector. 

The EFuNN has been applied successfully in a large 
number of applications for modeling and classification of 
complex relational data. It has been particularly successful for 
modeling of chaotic time series [4]-[7]. However, it is 
necessary to make it more adaptive and optimal in structure in 
order to further enhance its capability. 
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HI. PROPOSED GENETICALLY OPTIMIZED EVOLVING FUZZY 
NEURAL NETWORK 


The Genetically Optimized Evolving Fuzzy Neural 
Network integrates the powerful global search techniques of 
genetic algorithm with the neuro-fuzzy model EFuNN 
described in the section II. This technique, therefore, derives 
benefits from all major components of soft computing. This 
has made it successful in modeling of chaotic systems that are 
characterized by a high degree of uncertainty, nonlinearity and 
unstable dynamics. It has been made possible by developing 
the structure of evolving fuzzy neural network on the basis of 
optimization of the membership functions used for fuzzy 
inferencing, with the help of genetic algorithm. The changing 
membership functions have made it possible for EFuNN 
model to adapt to the drastic changes exhibited by nonlinear 
dynamic time series. 

As already outlined, the potential of EFuNN for modeling 
of nonlinear dynamical system can be enhanced by 
optimization of its parameters. Gradient decent algonthm has 
been applied for changing the shape of membership functions 
for fuzzy-neural network by Kasabov et al [8]. Similarly 
another approach for changing membership functions has 
been suggested by Kim et al, in a model called as HyFIS [6]. 

Genetic Algorithm (GA) [9] is based on the idea of a 
population of chromosomes that are elements of high 
dimensional search space. A chromosome is an arrangement 
of genes, where each gene takes on values from a suitably 
defined domain of search space and encodes for a candidate 
solution. The GA works on a population of such 
chromosomes, preferentially selecting the ones that encode 
for high fitness solutions for reproduction. Genetic operators 
such as mutation, crossover, elitism, etc., are used to 
introduce variety into the population. Thus, by survival of the 
fittest over several generations, the population gradually 
evolves high fitness chromosomes, The authors propose the 
Genetic algorithm based Optimization of Evolving Fuzzy 
Neural Net-work. For this purpose, the chromosomes of the 
GA are formulated as shown in Fig. 2, 


Site ESLER PR oa igi ithe 





MF Sensrtiv ity Lrror Threshold 


Fig. 2. GA Chromosome 
While tuning the EFuNN system for function learning or 
modeling purposes, the GA objective function aims to 
minimize the error between the actual data and fuzzy model 
output. Thus, the fitness function was selected to be: 
l 
Fitness Function = —————— (1) 
RMSE 
The root mean square of error is estimated through EFuNN. 
It is customary to use a fitness function given by 
l 
Fitness Function = —————— (2) 
1 + RMSE 


tO Centers 
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This fitness function becomes unity as RMSE tends to 
become zero. But the discrimination in fitness values of 
chromosomes for small values of RMSE becomes small. It is 
hence, appropriate to use the function given in equation 1, 
which offers greater discrimination. It is notable that RMSE 
never becomes zero for nonlinear dynamic systems and fitness 
function will therefore always remains finite. 

The initial GA populations are randomized, which implies 
that minimum heuristic control knowledge is used. The 
appropriate sensitivity threshold, error threshold, number of 
membership functions and centers of membership functions 
are evolved and tuned gradually throughout the GA iterations. 

The complete algorithm of Genetically Optimized EFuNN 
is now described. 


A, Genetically Optimized EFuNN Algorithm 
The optimization by genetic algorithm proceeds along the 
following seven steps: 

l. Initialize the population size, maximum number of 
generations, the minimum and maximum range of 
sensitivity threshold, error threshold, number of 
membership functions, centers of membership functions, 
number of bits for each center, probability of mutation, 
percentage of elitism, etc. 

2. Randomly formulate the first generation of 200 binary 
coded chromosomes. 

3. Evaluate the fitness of each chromosome in the generation 
using equation (1). 

4. Select fit chromosomes to breed a new generation using 
Roulette Wheel Selection. 

5. Create the next generation chromosomes by multi point 
crossover (three points) in the present generation. 

6. Replace 90% of the parent generation with the child 
generation. This is known as elitism. 

7. Repeat steps 3 - 6 until maximum generations or maximum 
fitness is reached. 

This algorithm calls the EFuNN algorithm as a function in 
step 3, which, is described in detail in section ITB. 


IV. APPLICATION 


In this study, Genetically Optimized EFuNN is applied for 
the prediction of Box & Jenkins gas furnace data (series J), 
representing the combustion process of a methane air mixture. 
It is a well known nonlinear dynamical chaotic system and 
frequently used as a benchmark example for testing modeling 
and prediction algorithms. The input u(t) is methane 
concentration in the gas flow into the furnace and the output 
y(t) is CO) concentration in outlet gas. The data set consists of 
296 pairs of input output measurements at the sampling 
interval of 9 sec. [7]. 

The task of the EFuNN model is to provide an 
identification for the CO, concentration y(t) based on past 
values of the input and the output. The EFuNN model uses the 
data set consisting of six inputs, i.e., u(tl), u(t2), u(t3), 
y(t4), y(t2) and y(t3) with the y(t) as an output. This is 
done because there is a strong positive correlation up to three 
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time lags indicating finite memory effect. Thus, the first three 
pairs of data from the selected time series form the first 
dataset for EFuNN. The second dataset would then be 
consecutively formed from second data pair to fourth data pair 
and so on. Thus, the EFuNN data set has 293 values of input- 
output variables. The 146 dataset for optimization purpose 
and remaining 147 dataset are used for testing. 

The authors of this paper have found in their previous work 
[10], that the optimal values of most sensitive parameters for 
the development of EFuNN model, besides the centers of 
membership functions, are as follows: 

Number of membership functions = 4 

Sensitivity Threshold = 0.7944 

Error Threshold = 0.2021 

In the absence of prior knowledge as above, these 
parameters can also be readily obtained by applying genetic 
optimization procedure on training dataset. The evolution of 
rule nodes is governed directly by error threshold, sensitivity 
_ threshold and indirectly by the number of membership 
functions. 


V. RESULTS 


For this application, 124 bit chromosomes are formulated - 


for the GA for optimizing the number of membership 
functions (4 bit), sensitivity threshold (10 bit), error threshold 
(10 bit) and membership function centers, 10 bits each for 
representing the ten centers in between the two fixed extreme 
centers at O and l, as the desired maximum number of 
membership functions is 12, 

The result of optimization of EFuNN parameters using 146 


data sets for number of population Np = 200 and number of - 


generations Ng = 20 are shown in Fig. 3. The offline 
optimization procedure finally yields the following optimal 
values for parameters of EFuNN: 

Number of membership functions = 5 

Sensitivity threshold = 0.8554 
`- Error threshold = 0.0138 

Membership function centers = 0, 0.1008, 0.3510, 0.8742, 


0 1545 n 
0.154 
0.1535 
f 0.153 
0.1525 
0 152 
763 


Fig. 3. GA Optimization with Ehtism (Np =200, Ng =20) 


Fig. 4 shows the actual and predicted values, whereas Fig. 5 
presents the details of error in prediction. The RMSE for the 
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predictions is 0.3147. Fig. 6 shows the optimized position of 
centers of membership functions. Thus, the results obtained 
by using this approach for Box & Jenkins time series are 
better than the best available in the literature [10, 11]. The 
results obtained in this application have been compared with 
those of Kasabov and our previous attempts in Table I. Ten 
out of the test data along with their forecasted values are 
shown in Table I. 






ST 50 100 150 
Osta 
Fig. 4. Actual and Predicted Values of Output for Testing 
Datasets (RMSE = 0.3147) 





Normalized Variable 


Fig. 6. Optimized Position of Centers of Membership 
Functions [0 0.1008 0.3510 0.8742 1] 
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Table I. Results for Box & Jenkins Furnace Time Series 
Prediction 





VI. CONCLUSION 


It has been realized from this study that the proposed 
scheme of modeling of a nonlinear dynamical system by 
Genetically Optimized EFuNN systems is quite promising. 
The efficacy of this approach is further enhanced when the 
optimization of its most sensitive parameters, i.e., number of 
membership functions, sensitivity threshold, error threshold 
and membership function centers is done using genetic 
algorithm. The results obtained by using this approach for 
Box & Jenkins Furnace time series are better then those 
available in the literature [10, 11]. This supports our 
conjecture that the efficacy of EFuNN will be enhanced by 
genetic optimization of its parameters. 

The methodology developed in this study is expected to be 
useful in applications that demand development of system 
models from input-output datasets that shows nonlinear, 
dynamic and chaotic behavior. This includes a wide range of 
applications such as study of seismically acquired data at 


monitoring station in mines, prediction of share prices in 
financial markets, load forecasting in power systems, 
forecasting of electricity price in spot market, signal 
processing in process control, weather forecasting and 
biomedical applications. 
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Abstract — Neglecting the effect of overtaking disturbances on the 
motion of strong shock wave, Chester-Chisnrell-Witham method 
has been -applied to study the temperature variation of non- 
uniform self-gravitating gas atmosphere for two cases viz (i) when 
shock diverges and(ii) it converses. Analytical relations of shock 
velocity and shock strength have been derived and used for 
temperature variation of the medium having density distribution 
of px r“ where m, the density parameter is taker as constant. 


It is fownd that variation of the temperature of the 
atmosphere is significant and depends on the strength of the shock 


perturbing the medium. 
Keywords — Shock Waves and Fluid Mechanics 


I. INTRODUCTION 

Extensive work have been done in resent past on theoretical 

studies of shock wave propagation like Korobeinikov, 
Melnikova, Ryazanov and Kochina have investigated the 
problem of self smilar flows in non-ideal gases characterized 
for internal energy (1958-62), Ranga Rao and Purohit 
` discussed it for expanding adiabatic case; where as Singh and 
Nayak for isothermal as well as magneto dynamics medium 
(1975). Sedov and Carros et al have studied self similar 
adiabatic flows in self gravitating gas (1959). The propagation 
of converging shock waves in non ideal gas have studies by 
Zeldovich, Raizer, Mishkin and Fujimoto, and other (1967). 


Singh and J.B. Singh have studied the analysis is non-ideal 


gas (1998). Magnetogasdynamics plane shock wave in 
inhomogeneous medium have been described by Panday and 
Singh (1998). Self gravitating gas behind shock wave in non- 
ideal gas explained by Srivastav and Lal (2001) and imploding 
cylindrical shock wave in non-ideal gas with magnetic field 
studied by Singh (2002). So in the present paper it have derived 
the propagation of shock waves in non-uniform self-pravitating 
gas using Chester-Chisnell-Whitham method and obtained 
analytical expression for shock velocity, particle velocity, 
pressure and temperature for converging as well as diverging 
shock wave, 


I. GOVERNING EQUATION 
The basic equations for the flow behind the shock front 
uhder influence of its own gravitation in presence of magnetic 
field are written a$- 
ð ð 1 P Gm p OH? 


=0 
a a pa P Op or AL) 





Pruk, sat} =o 
ôt (1.2) 
Ps v2 —a 22 uP =O 

at 


(1.3) 
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(1.4) 


...(1.5) 
where r is the radial coordinate, u, p, p, H and p are the particle 
velocity, the pressure, the density, the axial magnetic field and 
permeability of gas respectively. m denote the mass inside a 
sphere of radius r/cylinder of radius r with unit length. c =27 or 
4x, according to a=lor 2, respectively for cylindrical or 
spherical flow and a?=yp/p. 


The characteristic form of system of equation (1.1-1.5) in 
obtamed by forming as liner combination of these equations in 
only one direction in (r, t) plane. 

Liner combination of equation (1.1-1.5) can be written as- 

2 
disperare ce po r 
(utc) r (utc) r? 


...(2.0}) 


III. BOUNDARY CONDITIONS 

The magneto hydrodynamics conditions can be 

written in terms of a single parameter as- 
p=Po6, H=Ho%, u=(E-1U/E 





(3.1) 
2 bg 
‘Garaget enea 
(3.2) 
2po(& —1) l (y-1) 2 ') 
P= Po trao + ba(&-1) 
(&+1)-(r -196 4 a5 


U is the shock velocity, a, is the sound speed and b, alfven 
speed. For strong shock p/p, is large. 
I. For strong Magnetic Field - (b,>> a,7) under this 
condition, the boundary condition reduce to- 


p=o& H=Ho& u=(E-1NU/E 





.-(4.1) 
2 
Pete x(bjA,a6 | = ; 
Po agbo 
.{4.2) 
where 


o Y- 
28{(2-y)E+y} 

and 

ERE. 2 


(y—1Xe-1)? (2-v)E-¥ 


2. Theory for diverging Shock : Substituting the shock 
condition 4.1 and 4.2 in equation 2.0 and use c>U(x/E)™, for 
strong axial magnetic field, Le. dH=0 and on simplifying we 


arih AlE pth Pa Drea ER ty 
AR 


Al AK m Hha EOD" | 
1) AA de mo" d 
a RJA ae 
where 
ox (E-1) (x) 
mee) 


...(5.0) 
the equilibrium state of the gas is assumed to be specified by 
the condition @/ot = =u, Hy constant putting this in equation 
(1.1), we get the equilibrium condition prevailing in front of the 
shock, as- 


1 do Gm a0 

Po d r? 

Assuming an initial density distribution law as- 
-= -6 

Po ™pr .(T.0) 

dm =c,, por dr 

from equation (1.5) - 


(6.0) 


ca p're" 

dm = carr“ dr ~ (l+a—a) 

On solving equation 4, 7 and 4.2 

= —c,p' G rete = K poa 
(@-20Xl+a-0) | 

where 


..(8.0) 


Po 
...(9.0) 


E ¢,p'°G 

(2m —a}(1+a-o) 
pointive and finiteness of the equilibrium pressure, as defined 
by (9.0), requires that constant œ should obey the inequality as- 


Téng? 
2 


K, 


(10.0) 


putting the values of p, and p, from (7) and (9) in above 
equation we get- 


a 0 = {tea 
' (11.0) 


Substituting values from 8.0, 9.0, 11.0, in equation 5.0 - 
and simplifying, we get 


du? B, -2 .a~2ea-] 2 
a. H : +B Br U 


-Proceeding of International Conference MS’07, India, December 3-5, 2007 


om ~B, poe"! + Bar 


wee 12.0) 
where 
Gea ON. 
AY A {(E~1)+(x6)""} 
ŽAK J, 39)4 0% =) 
B, = asi 30) yA, | 


n 
B, = o CPG owa 7" 
(I+a~a)A2 {(E-1)+(xe)""} 
B, = _ Ky,A, xB; 
Appia 
Now R TT equation and neglecting higher 
terns of 87, we get — 


K Baw | 
pG (B, +a -øp G 
U B,B, "s 
VpG | pG(B, +2a- zoja- 20)" 
B, Baer" 

(B, + 2a -30)pG 

oof oe 

{20 =a) (13.0) 


where, k is constant of Integration 

The expression (13) represents freely propagating shock 
velocity with strong with strong magnetic field. The expression 
for freely propagating shock strength can be written as - 


Kor B 
va U B 1 (B +a—0) 
a Kj BRBo™ Bp a 
(B +2a-20%a—-20) "(B +2a-30) +2a—30) 
B, p” an 
ox (20-a) | 


| (14.0) 
3. For converging shock:- In the freely į 


description, the characteristic form of system of equation (1.0- 
1.5) i.e. the form in which each equation contains derivatives in 
only one direction in the (r,t) plane is- 


apuc? dr acGm dr 

+ P ea el 
dp — pedu + pHdH Te aa : ae 3 a 
substituting the shock condition (4.1) and (4.2) in equation 2.0 
and use c“U(x/€), for strong axial magnetic field, i.e. dH,=0 
and on simplifying we get — 


+d l — 
A; P- 


x dr xAk) (a - 7) lll 
—(a -2@)— + dr 


-— e = 0) 


2rfa-a)& zmar  ml-) ala 
1/2 
r e-d h 
Kle- 20) a-w- 
l ; "R7 7 Í i i 
+— E -] = 
Ay 0 a...) an = dr 
(1+ a—e)}(¢-1) + (28) } 
Putting and in above equation, after simplification, we get - 
2 
Tfh +L pte by? = -Lr 


+ L,B?r Za-30-!} 


2y r 2uHg 


(17.0) 
where 


L, = ra ae Ne L, _ K AxL, 
Ayy  A,{(-1) + (24) Apa’ 


ax(-1) 
= — AA(E-1)+(x8)"7} 


t= PG | txt)" i 
(l+a—a)A, | {(¢—1)+(xe)"} 


Now solving linear differential Equation (17,0) and nedece 
higher terms of B~, we get- 
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Koon Ba 
pG (B,+a-a)pG 
U 7 B Bp a. 
JpG pG(B,+2a—-3a)\(a@ - 20) 
B,B’ ae aan dae 


(B,+2a-30)pG 


oo? | 
2(2m ~-a) (18.0) 


where , k is constant of Integration, the expression 
(18) represents freely propagating shock velocity with strong 
with strong magnetic field. The expression for freety 
propagating shock strength can we written as 


ie em St Ka? P o Bs 
Ag K, (B; ta ~w 


B,B, Bp Bap iat Me 
(B, +20 -20\a—2a) “TB, +2a~30) 
...(19.0) 
IV. RESULTS AND DISCUSSIONS 

Expression (13 & 18) respectively presents shock 
velocity for diverging and conversion shock. Expression for the 
particle velocity, the pressure and temperature for diverging 
shock are given below- 


uzly 
5 ...(20.0) 
y? 
p= pen +A,a2)—> aZbe ‘ot 
(21.0) 
T_pM - (7-1) }H2+(y—-1)M?} 
T 2 
0 (y +1) M (22.0) 


Expression for the particle velocity, the pressure and 
temperature for converging shock are given below — 





u= m U 
...(23.0) 
2 
p= pli +x(bj +A,aa =| 
29 99 ...(24.0) 
r {2yM?-(y-1)H2+(y-1)M?} 
Sen BB O 
To (Y +1).M? (25.0) 


Initially taking U/a0 “10 at r=2 for =1.33 and =2.1 the 
variation of shock velocity, sock strength, particle velocity, 
pressure and temperature for diverging and converging shock 
with propagation distance have been given im table (i, IL IN, IV 
& V), and with , have been given in table (VI, VIL, VIIL IX & 
X) and table (XI, X11, KI, XIV & XV) respectably. 


For diverging shock, the shock velocity and shock strength 
both increases with propagation distance R and .But increases 
in the shock velocity and shock strength both decreases .While 
for converging shock, the shock velocity and shock strength 
both increases with propagation r and But increases in the 
shock velocity decreases and shock strength increases. 

For diverging shock, it is found that the particle velocity, 
temperature both increases while pressure decreases with 
propagation distance r and. But an increase in the particle 
velocity decreases, temperature and pressure both increases. 
For converging shock, it is found that the particle velocity, 
temperature both increases while pressure decreases with 
propagation distance r .But an increase in the particle velocity 
and pressure decreases, while temperature increases and an 
increase in the particle velocity pressure and temperature 





TABLE-} 
r in U 
2 211.1863 267.0229 
2.05 211.2264 268.8879 
2.1 211.265 270.722 
2.15 211.3023 272.6261 
2.2 211.3383 274.3018 
2.25 211.3732 278.0494 
23 211.4069 277.7706 
2.35 211.4395 279.4662 

TABLE-I 
r 
2 78.73591 97.02451 
2.05 76.94023 97.94374 
2.1 77.13998 98.84971 
2.15 77.33535 99.74289 
2.2 77.52656 100.6238 
2.25 77.71378 101.4928 
2.3 77.8972 102.3503 
2.35 78.07697 103.1988 
2.4 78.25325 104.0325 
ABE 
ro pDiverging) (Converging) 
2 58.53456 92.83688 
2.05 55.44695 89.12645 
2.1 52.59102 85.6503 
2.15 49.04446 82.3884 
2.2 47.48753 79.32309 
2.25 45.2028 76.43816 
2.3 43.07474 73.71932 
2.35 41.08953 71.15361 
24 39.23484 68.72237 

TABLE-IV 
r 
2 70. 89.00763 
2.05 70.40879 869.62932 
2.1 70.42167 90.24065 
2.15 70.4344 90.84204 
2.2 70.44611 91.43387 
2.25 70.45772 92.018648 
23 70.46896 82.59022 
2.35 70.47985 93.1554 

4 70.49041 93.71232 
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so at he SUN S o TABLE-XI 
r TT (Div) T/T (Con) U(Divergin U(Convergin 
2 953.0565 1523.072 1.3 211.3599 259.6574 
2.05 958,1335 1552.05 1.35 211.0453 272.477 
2.1 963 1098 1580.878 1.4 210.5479 288.3214, 
2.15 967.9897 1609.558 1.45 209.9223 307.7716 
2.2 972.7774 1638,096 1.5 209.2033 331.6165 
2.25 977.4769 1666.495 1.55 208.4139 360 9255 
23 982.0919 1694 759 1.6 207.5686 397.1575 
2.35 986.6256 1722.891 1.65 206.6761 442.3256 
17 205.7398 499.249 
TABLE-VI TABLE-XII 
o U(Diverging) U(Converging) M(Divergin M(Convergin 
1.2 194.6436 318.354 1.3 77.68008 95.43065 
1.3 197.8164 316.244 1.35 76.11454 98 27018 
1.4 200.3809 313.1679 1.4 74.66682 102.1108 
1.5 202.3813 309.7524 1.45 73.0522 107.1034 
16 204.5725 306.5462 1.5 71.57837 113.4817 
17 206 8619 303.2487 1.55 70.14871 121.4816 
1.8 209.4379 300 1864 1.8 68.76391 131.5714 
1.9 212.904 297.0394 165 87.42285 144.2975 
17 66 12301 160.4544 
TABLE-VII TABLE-Xill 
@ M( Diverging) M(Converging) Divergin Con in 
12 29,8494 48 8209 1.3 70.4533 86.55 
1.3 37.38032 59.75895 1.35 70.3484 90.82 
1.4 43.90865 68.63006 1.4 70.1828 88 10 
1.5 49.70496 78.07535 1.45 69.9704 102.59 
1.6 5.04743 82.48704 1.5 69.7344 110.53 
1.7 59.9795 87.92681 1.55 69.4700 120.30 
1.8 84.57198 92.55071 1.6 69.1895 132.38 
1.9 69.00904 98.28005 1.85 68.8920 147.44 
1.7 68.5799 166.41 
TABLE-VIII eae CL.) a 
o u(Diverging) u{Converging) Divergin Convergin 
1.2 64.88121 106.118 1.3 53 07 . 79.47 
1.3 65.93879 105.4147 1.35 62.16 102 80 
1.4 66.78697 404.3893 14 71.28 132.58 
1,5 67.46044 103.2508 1.45 80.42 171.43 
1.6 68.19083 102.1821 1.5 89.57 223.20 
1.7 68.95396 101.0829 155 98.75 293.68 
1.8 69.81262 100.0621 1.6 107.94 391.89 
1.9 70 96798 99.01313 1.65 117.15 532.17 
1.7 126.373 738.07 
TABLE-IX TABLE-XV 
o w(Diverging) w(Converging) Y T/T, (Diverging) T/T (Converging) 
1.2 135,2287 339.6051 13 890 1343 
1.3 124.7711 306.2459 1.35 992 1653 
1.4 116.8537 277.3443 1.4 1082 2028 
1.5 109 8185 251.6343 1.45 1161 2494 
1.6 103.8098 229.0436 1.5 4230 3090 
17 98.45149 208.5678 1.55 1291 3870 
18 93.75113 190.3212 16 4343 4917 
1.9 90.08616 173.631 1.65 4389 6360 
1.7 1428 8406 
TABLE-X 
© T/T (Diverging) T/T {Converging} REFERENCES 
12 174.1917 454.3989 j {1] Korobeinikov, B.P. Melnikora, N.S. and Rayazanor, EV, The theory of 
1.3 272 6392 695.3313 point explosions U S. Department of commerce (1962). 
A bade bas [2] Zel;dovich Ya, B. and Rrizer, Yu P Physics of shock d hi 
1.5 481.3356 1126.284 ' i ' ysics of shock waves and high 
16 590.1537 1323.966 temperature hydrodyumaic phemonena, vol. 2, Accedimic Press Ny. 
1.7 700.4661 1504 218 (1967) i 
18 811.688 1666.484 [3] Ranga Rao, M.P. and Purohit, N.K. - Int. J. Eng. Sci., 14 91 (1975). 
19 926.937 1803 415 [4} Singh, J.B; Yadav, K.B. and Nayak, G. - Ind. Jour of Theor Phys , 46, 


295 (1998) 
[5] R.A, Singh and J.b. Singh Indian Jour. of Theor. Phy Vol. 46, 295, 1998 
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{6} S.K. Panday and R.K. Singh Indian Jour. of Theor. Phy. Vol. 47 No. 2, 
(1996). 

[7] S.K. Shrivvastay and A, Lal Ind - Jour. of Theor. Phy. vol. 49 No. 4 
(2001). 

18] Sk. Singh ind. Jour of Theor. Phy. Vol. 50, No 3(2002). 
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Temperature Rise in the Cell Phone User’s Head 
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Abstract—In this paper the thermal analysis has been 
performed considering the head of a subject exposed to 
cellular phones and focusing the attention on important 
organs like the pinna (car), and skull the maximum 
temperature increases is obtained in the skull at 0.027°C 
whereas the maximum temperature increases in the brain, 
at 0.027°C. The maximum temperature increase in the 
skull and ear are the same because microwave deposition 
is assumed to be constant 


Key Words— Biological effects of electromagnetic radiations, Cell 
phone radiation, Temperature rise, Electromagnetic heating. 


1. INTRODUCTION 


CG recent years there has been increasing public concern 
about the influence of the electromagnetic wave on he 

human body. In fact, when a cellular phone is working, the 
transmitting antenna is placed very close to the user’s head 
where a substantial part of the radiated power is absorbed. The 
power absorption in any tissue can be called as SAR (specific 
absorption rate). The SAR is a physical quantity, which causes 
the tissue heating due to RF exposure. In this work, we 
computed the temperature rise in a human head for mobile 
phones using bio-heat equation. 


The SAR value of 4 W/kg ts accepted . 


worldwide as the threshold for the induction of biological 
thermal effects. In fact, the tissue heating is strongly 
influenced not only by the power dissipated in the local tissue 
volume, but also by the way in which absorption is distributed 
in the surrounding area. A thermal analysis seems to be 
necessary, in addition to SAR analysis, to assess the safety of 
an exposure. From the study of bio electromagnetic 
interaction, it is interesting to compare the obtained 
temperature increases with the thresholds for the induction of 
thermal damages. The threshold temperature increase for 
neuron damage is about 4.5°C (for more than 30 min). 

Radiofrequency (RF) energy has been reported 
to cause a variety of ocular effects, primarily cataracts but also 
effects on the retina, cornea, and other ocular systems. The 
temperature increase necessary to induce thermal damage in 
the skin is at least 10 °C. 


In this work, we have evaluated the temperature increases 
induced in an anatomical model of the human head exposed to 
the field emitted by a source operating around 500 MHz. 


I. CALCULATION METHODS 


A. Head Model: 

The thermal response as a function of 
time, until the steady state is reached, has been calculated the 
head model was cieated by taking the superimposition of 
different tissues like skin, skull, bone, gray matter, white 
matter, fat, humor, cerebro spinal fluid (CSF). All the above 
tissues have different mass densities and dielectric properties 
at different frequencies .And also they have different thermal 
properties. The head model had 500X341 pixels According to 
range of pixel values, the different tissues of head are created. 
Sixteen different types of tissues and organs have been 
evidenced, and particular attention has been devoted to the 
modeling of the ear, skin, skull, air and brain simulating its 
morphology during a phone call. 

In some simulations, the hand grasping the 


‘ phone has been considered. The hand tissue has been assigned 


electric properties equal to two-thirds of those used for the 
muscle, The hand is wrapped around the case on three sides, 
leaving free the side facing the head. 


B: Thermal Medel: 
The temperature increase in the head model 
has been obtained by 


X 


KVT +A- BT- =O» p [Wm] 


where K is the thermal conductivity, Ao and Qv are volumetric 
heat sources due to metabolic processes and microwave power 
deposition, respectively, B is a parameter proportional to the blood 
perfusion ,Tb is the blood temperature, and, finally, C and p are 


the tissue specific heat and density, respectively. 


The three dimensional measurement consists mainly of 
an elevation positioner with head model. For simulating the human 
interaction with electromagnetic fields different homogenous 


numerical representations of human body are adopted. 
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Table 1: Thermal properties of the head tissues 
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The thermal parameters used in the above equation have been 
extrapolated from existing literature [3]-{5] and are repofted in 
the above Table. The most interesting feature to be noted in 
Table II is that the normal blood perfusion in the brain tissues is 
about ten times higher than in the other head tissues. This large 
blood perfusion compensates for the heat production caused by 
the high basal metabolic rate, maintaining a physiological 
temperature of about 37.5 C in the inner brain region. 


IV. CONCLUSION 


The temperature increase has been analysed in the 
pinna and skull by taking blood temperature as 36.8°C Figure 
| shows the temperature increase in the skull. Figure 2 shows 
the temperature increase in the pinna of the ear. The maximum 
temperature increases is obtained in the skull at 0.027°C 
whereas the maximum temperature increases in the brain, at 
0.027°C. The temperature distribution in the pinna is high 
compared to remaining parts of the head because of the 
distance from the source. Figure 3 shows the temperature 
distribution in head due to microwave power source. 


TEMPERATURE RIGE IN THE SKULL DUE TO POINT CHARGE 


wm ee eek A te a u ae ep eee epee 





TIME (rn) 
Fig!.Temperature rise in the Skull 
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Fig2. Temperature rise in the Pinna({Ear) 





Fig3. Temperature Distribution in Head 
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Abstract— The performance of micro-resonators are analyzed 
in terms of displacement, area and resonant frequency using user 
friendly MEMS software named as SUGAR. Five different 
models such as folded flexure beam, fixed — fixed beam, crab leg 
beam, and meander suspension of microresonator are created in 
SUGAR and its displacements are analyzed for a constant force 
applied on the ‘x’ direction. Various modes of displacement, 
natural frequency and area of each model are also analyzed. 
MATLAB is used along with SUGAR to obtain the general 
characteristics of micro-resonators. The best model is selected 
using the analysis for minimum area and maximum 
displacement. 


Key words—MEMS, Micro-Resonators, SUGAR, Folded 
Flexure, Comb-drive actuator. 


I. INTRODUCTION 


ICRO Electro Mechanical Systems (MEMS) is a rapidly 

growing technology for miniature devices using 
fabrication processes similar to those of integrated circuits 
(ICs) with an application in diverse areas. MEMS technology 
have been perceived as a breakthrough in the field of inertial 
navigation, force sensing and motion sensing because of the 
substantial reduction in cost, size and power as compared to 
their macroscale counterparts[1]. 

Resonator is a device with an element vibrating at 
resonance which changes its output frequency, i.e. mechanical 
resonance frequency, as a function of a physical or chemical! 
parameter. Silicon integrated-circuit fabrication technology 
has been used for many years to fabricate identical, small, 
low-cost, analog sensors with or without integrated electronics 
on the sensor chip. Resonant sensors in silicon relying on 
stress changes which change the resonant frequency are more 
than 100 times as sensitive as standard analog piezo resistive 
transducers. MEMS based micro-resonators are used in 
various applications such as to measure force, pressure, flow, 
acceleration, etc[2]. 

In the case of mechanical systems, resonance has come to 
denote the characteristic that large amplitude vibrations will 
ultimately result from low-power driving at a specific input 


frequency. It is especially useful to exploit the phenomenon of 
resonance at the micromechanical scale as maximum control 
forces exhibit faster dimensional scaling than spring constants 
for mechanical beam elements. 

In this paper, five different models such as folded flexure 
beam, fixed — fixed beam, crab leg beam, and meander 
suspension of microresonator are created in SUGAR and its 
displacements are analyzed for a constant force applied on the 
‘x’ direction. Various modes of displacement, natural 
frequency and area of each model are also analyzed. 
MATLAB is used along with SUGAR to obtain the general 
characteristics of micro-resonators. The best model is selected 
using - the analysis for minimum area and maximum 
displacement. 


Il. MICRORESONATOR STRUCTURES 


A. Folded flexure electrostatic combdrive microresonator: 


The folded-flexure electrostatic-comb-drive microresonator 
topology used in this analysis was first introduced by Tang et 
al.[3]) and is now commonly used for MEMS process 
characterization. The device has applications in oscillators and 
high-Q filters. The layout of laterally driven folded flexure 
electrostatic comb-drive microresonator is shown in fig.1. 
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Fig.1 Layout of the lateral folded flexure comb-drive microresonator 
The range of design and style variables of this structure is 
given by Tamal Mukherjee, et al.[4]. The equations for spring 
constant, effective mass, and electrostatic actuation force can 
be found from[5], which is also used in[4]. 
The design equations referred from [5] is given as follows: 
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_ 2Etwy L, + 140d, Ly +3600°L, 
= È 42 +4loL,L, +360 L 

where E is the Young’s modulus of polysilicon, t is the 
Polysilicon thickness, and a=(wywY. In the limit of infinitely 
stiff trusses, approximated by a>>(L,/L,), the effective mass 
I5; ; 7 





k (1) 


j f x a 
m =m +m, + oem, (2) 


where, m, 1s the shuttle mass, m, is the total mass of all truss 
sections, mẹ is the mass of all long beams. The resonant 
frequencies is given by 


k 
O, = 27f = 





(3) 
a 
B. Clamped — clamped beam[6]: 


A clamped—clamped beam with rectangular cross section is 
shown in figure 2. 





Fig.2 Clamped — clamped beam 


The design equations are given by Rob Legtenberg, et al.[6]. 
The axial displacement along the x-axis can be found directly 
from Hooke’s Jaw and the lateral displacement along the y-axis is 
obtained from small deflection theory. The spring constants for a 
concentrated force in the x- and y-directions are given by: 

k, = 2Ebh/L (4) 

| k, = 2Ehb3/L? (5) - 

where E is Young’s modulus, b is the beam width, h is the 
beam thickness and L is the length of one beam segment. 


C. Crab-leg flexure beam[6]: 
A sketch of a crab-leg flexure is shown in figure 3. The 
thigh segment ‘has a second moment of inertia I, and is of 


length Lı; the shin segment has a second moment of inertia I, 
and is of length La. 





Fig.3 Crab — Leg Fiexure beam = 
The spring constants, as a result of a concentrated force on 
the shuttle, n the x- and y-directions are given by: 
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A sketch of a.Meander Suspension with guided, end 


boundary condition is shown in figure 4. 
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Fig.4 Classic meander Suspension 


The spring constants after approximations can be given as: 
_ 48EI, 48EI, 
* a+b) 7 b°3G+b)n 


TIL. SIMULATION 


A. SUGAR[8]: 

SUGAR is a collection of Matlab routines which 
implements a nodal analysis approach to MEMS simulation. A 
wide variety of planar electromechanical systems can be 
simulated. The user provides a text file describing the 
geometry and connectivity of the system, and then calls one or 
more analysis routines to determine’ static displacement, 
transient response, etc. Graphical results are displayed using 
Matlab function calls, and numerical results are available for 
additional Matlab processing if desired[9]. 

The user has to provide a .net file that describes the 
building blocks in terms of geometry, voltage, or applied 
force. The layer thickness and Young’s modulus are defined in 
a separate process file. Using the information provided by the 
netlist and process file, SUGAR creates individual stiffness 
[k],. mass [m],, and damping [c], matrices for each structural 
blocks. Since each structure in the netlist may have differing 
orientations, all local coordinates are transformed into global 
coordinates. The assemblage of the set of individual matrices 
into collective system matrices, [K], [M], and [C], where all 
structures are coupled at common nodes, is accomplished by 
superposition. Element indices in the system matrix directly 
correspond to nodal coordinate components. Structures with 
common nodes have additive contributions to that particular 
matrix clement. Therefore the size of the entire system 
matrices only depend on the number of distinct nodes. 


B. Structures in SUGAR: 


The various structures discussed in section 2 are developed 
in SUGAR by keeping the area as a constant are shown in 
figures 5 to 8. 
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IV. RESULTS AND DISCUSSION 





A. Displacement and Resonance Frequency: 


force on the x direction and the results are given in table 1. 


Table! Structures Vs Displacement 
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Fig.7 Crab-Leg Flexure Beam Microresonator 





The structures are simulated using SUGAR for a 50pN 


It is observed that the Clamped — Clamped Beam is giving 
the lowest displacement of 7. 1662e-006, te providing the 
highest stiffness. The Crab-Leg Flexure Beam is giving a 
displacement of 9,.74595-006, which can be altered by altering 
the length of the crabbed leg. The Folded Flexure is giving a 
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displacement of 10.384e-006. 

Two structures of Meander suspension are taken into 
consideration and it is observed that a 25% size reduction in 
the meander spring is giving a decrease of around 5% in 
displacement. 

The list of structures and its resonating frequency of various 
modes are given in Table2. 
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Figure 9 - 13 shows the graphical view of a 
structure with natural frequency. 
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Fig.9 Displaced structure with natural frequency of Folded flexure 
electrostatic combdrive microresonator 
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Fig. 10 Displaced structure with natural frequency of Clamped — Clamped 
Beam Microresonator 
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Fig.11 Displaced structure with natural frequency of Crab-Leg Flexure Beam 


Microresonator 
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Fig.12 Displaced structure with natural frequency of Meander Suspension 


Microresonator (1) 
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Fig 13 Displaced structure with natural frequency of Meander Suspension 


Microresonator (2) 


B. Area Vs 

Frequency: 
Comparison is made between Area Vs Displacement and 

Area Vs Resonance Frequency is shown in figure 14 and 15. 


Displacement and Area Vs Resonance 
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Fig.14 Area Vs Displacement 
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Fig.15 Area Vs Resonance Frequency 
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V. CONCLUSION AND FUTURE WORK 


The simulation result shows that Crab Leg is giving a 
displacement of 13.9e-06m and Folded: Flexure 
Microresonator is giving a displacement of 12.4¢-06 for an 
area of 0.25e-07m° for- a resonant frequency of around 
7.5KHz. It can be concluded that Crab Leg is giving higher 
displacement for smaller area and folded flexure is giving 
higher displacement for relatively higher area. 

The size of the meander springs and the leg of Crab-Leg 
Microresonator can be chosen in order to get maximum 
displacement and thus providing the flexibility to design. _ 

SUGAR follows poly MUMPS fabrication procedure and 
the minimum size of the springs can’ be designed by 
considering the fabrication constrain also. There is a flexibility 
for implementation of optimization is available with SUGAR 
since it uses Matlab routines, which ‘is not possible using 
commercial MEMS design softwares like Conventorware and 
Intellisuite. 


Optimization can be done on all the structures by using the 


‘optimization algorithms like Genetic Algorithm, stimulated 


annealing, etc. Further, a comparison’can also be made 
between the commercial tools with SUGAR in terms of 
resonant frequency and displacement. 


a 
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Abstract— The object of this investigation is to analysis four- 
bar beat-up mechanism of a weaving loom. This paper deals 
whit a better way to obtain the differential equation of motion of 
system. For this purpose we use an analytical method to study the 
equations of motion. Analytical model has been formulated by 
Simulink using i s equation of type I. 


Keywords— Analytical, Beat-up, Dynamic, Mechanism. 


L INTRODUCTION 


HE development of high speed weaving machines and 

requirement to produce better quality fabric necessitate a 
good fundamental understanding of the whole weaving 
process. Beat-up is one of the most important functions or 
weaving machines because it influences the fabric quality Fly. 
A lay mechanism is shown in Fig.l. It will be seen that the 
mechanism is in reality a four bar chain in which the loom 
frame forms the link AD .The link AB is crank, the link BC is 
the connecting rod and the link CD is the lay sword. As the 
crank AB rotates, it causes the point C to oscillate and if the 
reed is attached to link CD, will oscillate as required. The 


beat-up - mechanism together’ with’ the shedding mechanism ' 


influences the quality of the pick and productivity of a:loom :: 


and thus forms one of its critical mechanism [2]. It also affects 
the dynamic characteristics of the machine. Therefore, in 


designing a loom; much attention is paid to its structure and ` 


design [3]. 


Angular’ acceleration of crank and linkage has been: 


studied by which the dynamic characteristics formulate by a 


mathematical model, and the equations are integrated by the ` ` 
Rung-Kutta method[4]. The aim of this paper is to find a . 


_ method by which the same dynamic characteristics as well as 
relations between crank and linkage can be studied by an 
analytical model and it formulated by MATLAB ‘Simulink using 


Lagrange's Equation of type I. 


—= 
~ 


assumption: 


I. ANALYTICAL MODEL 
The use of Newton’s second law for formulating the 
differential equations of motion of a single particle and the use 
of its extension to the motion of the center of mass of asystem | 
of particles and continuum bodies, requires the inclusion of all 


. forces applied to the individual particles of the system. This 


includes even reaction forces that do not appear in the 


_ differential equations of motion. An analytical dynamics is a 


powerful approach and very easy to use. It is based on work- 


"energy approach, and its fundamental quantities for obtaining 


the differential equation of motion of dynamical systems are 


“the virtual work done by the force acting on the entire system 
"Thus, formulation, of expressions for acceleration are also 


avoided. An analytical dynamics views the system in it's 
entirely, instead of looking at free body diagrams of individual 
parts [5].-A real beat-up mechanism differs from an ideal one. ° 
An analytical model -of this type should always be a 
compromise between the required accuracy. of the result and 
exactness in representing the real mechanism [4]. 

The formulated MOGGI is based on the following 


1-The masses of the elements are concentrated on the joint; 

2- All the members are perfectly rigid; 

3-The complete slay with reed is consider as absolutely 
rigid, joined elastically to the driving draw-bar. 


In the analytical model the following Lagrange’s equation 
of type II is used: 


(1) 


Where T is the total kinetic energy of the system ®%is any 
general coordinate, and 2. is the generalized forces. 
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Fig. l. the four bar beat-up mechanism 


For the case shown in Fig 1. the kinetic energy and 
dissipative function for the system can be written as follows: 
~p d > d only 
va =—DC+—C3 = (2) 

dt dt 


Agr? a d -> 2 
net cos, + j singo EEC i cos@, — jsin8,)] = 
Aé,sino, — Lð, sin@,) i+ (L,0, cos6, -2 cosð,) j 


3 


Where “is the absolute velocity of the center of mass of 
bar BC. The following expression is then obtained for the 
kinetic energy of the motion: 


2 7 + - 
T = 1/21, 02+ 1/21, 04+1/2m,VC;.VC;= 6) 
2 2 2 


1/21, 0241/21, 0441/21, 634 


m Lð, cos 0, --26, cos @,)? + 


(L,0, sin@, -å sinĝ,)?]= 


le we EEN E 
taba tol 04 +51) 0+ 
] e 1 


z miL, Â, +z La Âs -LL40 30 c0s(0,-0;)] 


where, PILE are the moment of inertia of individual 


members, 92:03:04 are the angular velocities; 


L,cos8,+ L,cos6,~— L,cos6,—d = 0 (4) 
a, (03,03,04) =0 
L, sin, +L, sind, =L, sing, —h=0 (5) 


a,(6,,0,,0,) =0 


The virtual work ow done by all forces acting on the 
system is simply: 

ô o = M nxx 00- = 09,68, (6) 

M 


moior Js an approximate expression for the torque and is 
as follows: 


M moor “T6 +sin(t+10*7) 


Generally, it is more convenient to use Lagrange 
multipliers to handle constraint equation. Since there are two 


of such equations, two multipliers A(t hAlt) are needed. For 
0,,9,,9 


the three variables 1'4 we have: 
Ge F700 + A +a se 7 
ag, 292 
d oT OT da da 
oa OO eR a, 8 
dt 3g, 90; 20, ' 00, 00, si 
Gt =08, +A, Sat a +a Se ©) 
26, 
Where 
Q8, = M nour 
Qe, = Q0, =0 


Equations (7), (8), (9) yield the following second-order 
differential equation: 


Tm, = M iir oe 4,L,sin@,+ 1,L,cos6, (10) 


1 3. È R 
zmL3ð;- z MLL lö ,cos(O,—03) —§,’sin(0,—0,)]= 
~ A,L, sin@, + A,L, cosé, (11) 
l O x igh: 
m,+ m3)L40,— mL gL ,[6;c05,-9;) +6,’sin@,—0,)]= 


d,L,sin8,—,L,cosd, 
(12) 


From the equations (4), (5) we have: 
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Do "E ee 2 presented in Table. 1. 
L, 62sin0,+L, 63sind, L, O4sind,+ 


2 2 2 
L, 02cos0, +L, O3cosð, L, @4cosé, =0 


(13) 


Table L Loom setting value 


2 2 
L, 63sin6,+L, O4sind, =() 


(14) 


Which are obtained by taking the second time derivative of 
the algebraic constraint equations. The five equations are 
combined into a single matrix which is easily solved 
numerically by Simulink using a MATLAB Function block 
which shown in Fig. 2. The user inputs to the new model are 


the values for 44r te Lem, mem, and the expression for 
The desired values of a Drapper shuttle weaving loom are 
the motor torque M , 


equation(10). 
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Fig 2. Simulink model 
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Model shown in Fig 2. consists of two integrators for 


generating 8, and ® ? using the solution for 9: obtained from 


Aute-Soale Graph 


4m 

212 

3aL3 

14 

S«thetaz 
Sessiuton number 


120 r4 

ASthetad dot 
144>thetad dot 
15 = Mi motor 


Fig 3-5 shows a solution for 9279s»8 Starting with the 
configuration defined by solution number, with the data 


specified at the beginning of this example and with 92) =9 | 


This plots show that 99; oscillate between two values 


while ° continually increases. This happens because the 
M 


average value of the motor torque = is non zero and 


positive. 





1 15 2 
Time (Seconda) 
Fig 3. Theta4 generated by the Simulink model of Fig 2, 
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Fig 4. Theta? generated by the Simulink model of Fig 2. 
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Fig 5. Theta3 generated by the Simulink model of Fig 2. 


“ Fig.6. shows @ series’ of curves for various values of 
latt (connecting rod /crank). It will be seen that as the 
connecting rod is made shorter there is an increased deviation 
from the pure sin wave (the sin: wave represents simple 
harmonic motion).This is another way of saying that the lay 
lingers in the back position’ because of the shortness of the 
connecting rod, and it is this which is used to advantage in the 
loom. There is a limit to the amount of deviation which can be 


achieved because as’ L3 = L2 the mechanism becomes 


unworkable. The value of Ta used in loom depends upon 
whether a smooth action is required or whether an impulsive 
jerky type of beat-up is needed; This is turn depends upon the 
fabric to be woven and the width of the loom. A fine delicate 
fabric (Fine cotton and Silk) should not'be roughly handled, 
where as a course staple yarn (Wollen and Heavy cotton) may 
require a sharp beat to be effective. 





600 1000 1200 


400 600 
Crank englio(deyrae) 


Fig 6. Effect of short connecting rod. , 


HL. CONCLUSION 


The aim of this paper is to formulate an analytical 
model which can easily simulate the dynamic characteristics 
of the studied beat-up mechanism, with respect to the basic 
non-linear driving force. The characteristics studied are the 
dependence of angular displacement, velocity and acceleration 
of individual members; especially of the slay and the driving 
moment on the crank. The important criteria are the maximum 
value of these characteristics’ and the additional frequency of 
oscillation, which is induced by the non-linearities in the 
kinematic chain. by using this simulation we can analyzed the 
lay motion. It will be seen that as the connecting rod is made 
shorter there is an increased deviation from.the pure sin wave. 
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Abstract- Spherically isotropic materials are of particular 
importance and use because of their application in aerospace and 
nuclear technology and can be useful as a benchmark to check 
numerical methods for thermoelastic continuum model analysis. 
Such materials have their physical properties transversely 
isotropic about the radius vector drawn from some particular 
points, fixed with respect to the material. In other words, in these 
materials, the physical properties are the same for all directions 
tangent to any sphere with its origin at a certain point. The 
elastic properties of such materials are described by the five 
elastic constants. A homogeneous isotropic material with two 
independent elastic constants is a special case of the spherically 
isotropic, thermally conducting solid sphere subjected to stress- 
free and thermally insulated/sothermal boundary conditions. 
After non-dimensionalizing, the basic governing equations of 
transradially isotropic thermoelastic sphere are uncoupled and 
simplified with the help of potential functions by using Helmholtz 
decomposition theorem. Upon using spherical harmonics wave 
solution the system of governing partial differential equations is 
reduced to a coupled system of three ordinary differential 
equations in radial coordinate. The matrix Frobenius method of 
extended series is then used to investigate the motion along radial 
coordinate. The resulting quartic indicial equation is solved by 


using DesCartes’ method to find the characteristic roots. The . 


secular equations for the existence of various types of possible 
modes of vibrations in the sphere are derived in the compact 
form after using boundary conditions. The special cases of 
spheroidal (S-mode) and toroidal (T-mode) vibrations of a solid 
sphere have also been deduced and discussed. The analysis will 
be useful In applications involving aerospace, navigation and 
nuclear technology in addition to check the validity and 
applicability of finite element method (FEM) and boundary 
element method (BEM) for thermoclastic continuum model 
analysis 


Key words—- Transradially isotropic, Frobenius method, S- 
Mode, T-Mode. 


I. INTRODUCTION 
Spherically isotropic materials are of particular importance 
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and use because of its application in aerospace and nuclear 
technology [1]. In addition, the latest geophysical results 
revealed that the earth, in fact, should be modeled as a 
spherically isotropic in homogenous sphere with liquid 
nucleus [2]. Chen [3] recently 1ecalled the research history of 
spherically isotropic bodies. Although great achievements 
have been made to general solutions [4,5] and vibration 
theories [6,7] , just as it was recently noticed by Schaflauch 
et.al, [8]. Chen et.al. [9] Obtained the eigen frequencies of an 
anisotropic sphere in case of elastokinetics. 

The purpose of this paper is to present the exact three 
dimensional vibration analysis of a spherically isotropic 
sphere with stress free, thermally insulated/isothermal 
boundary conditions. This analysis can be a benchmark to 
check numerical methods for thermoelastic continuum modal 
analysis. 


II. FORMULATION AND SOLUTION OF PROBLEM 
We consider a homogeneous spherically isotropic, thermally 
conducting sphere of radius R at uniform temperature T, in 


the undisturbed state initially. In the spherical polar 
coordinates (r,9 ,@, f), the lear governing equations of 


motion, and heat conduction and constitutive relations in the 
absence of body forces and heat sources, are given as: 


o,, =p, i j=r,0,ġ (1) 


l l 
KIT, +- T, litai, Po 
pa ORTS 
where 
Dag = Cy gg Tie gg Te, — B,T 
O so = Cig t C118 gy + Cy, 


eam pT (2) 


Or = C399 + Cyp + C3€,, — BT 
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Org = Ulno Ong = 2ylng Ogg = Wesley 


Cog = (cy, ful B =e, +c, 0 + C0, 


B, = 20,0, + C430. 


Herecy ,€, ,T, (a,,a,).C, and p are respectively the 


elastic parameters, strain tensor, temperature change „linear 
thermal expansions, thermal conductivities, specific heat and 
density of the medium. The comma notation is used for spatial 
derivatives and the superposed dot denotes time 
differentiation. In order to solve the problem we introduce the 
potential functions G, Y and w through the relations as: 

I ow òG ow 1.aG 


ee a ee 3 
sind db 00° * 20 sind a = 


rotatie 
woes 





and assume the solution of the form 
(y, W, G, T) T RY (u, ’ Ww, ? Va ; L; Sp” (6, pje” 
ral 


(4.1) where S_”(6,@) are the spherical harmonics; n 
and m are integers, Ky, Wp, Yp, T, are functions of € = r/R 


and @ is the circular frequency. Upon using the solution (4) 
in equation (1) and (2), we obtain 





ftp. 
x" og Š ” č " (4.2) 
2 Ki 
i ees z An =o 
-fvr raan ti ate -BBs 5 
5 CaS (4.3) 
(re ype tate] , = 0 
2C ð 2 2p 
AAS. 1 Ja- Hr ÆT, 
Cy(0G č & (4.4) 
ið 14+C 
+n tale Eh, =0 
[v airite -eN -2h 0 (5) 
where : 
l d d 
Ve sag oe | cata C, 
-åI „42 „93 
q=, Q5, GHT, 
44 











IMI. BOUNDARY CONDITIONS 


The surface & = 1 of the sphere is assumed to be stress free 
and thermally insulates/ isothermal which leads to 


0,,=0, O =0,0,,=0, T; +hT =0 (6) 


where h is Biot’s heat transfer coefficient. Here A —> O refers 
to thermally insulated and corresponds A —> °° to isothermal 
boundaries. 


IV. EXTENDED POWER SERIES SOLUTION 
Equation (5) which is spherical Besse! equation has the 


solution 
1 
u, (E)=B,6 27, (QE)n21 (7) 
where 
J, is the Bessel function of first kind and B, are arbitrary 
constants to be determined from boundary conditions. To solve 
equations (4) we apply the method of Frobenius in which one 
looks for solutions in the form of power series 
(Was Vas Ta )= >, (As (5) B; (5), Dy (N(R) (8) 
k=0 

where s is the eigenvalue and coefficients A, , B, and D, are 
to be determined by boundary conditions. Substitution 
solutions (8) in equations (4) yields 

k k k k 
L (s)A,,2 +M l (s)B, 2 = P (s)A, +R, (sD, 

k k k k 
L, (s)A,.2 +M 2 (s)By.2 =P, (s)A, +R, (s)Dys1 

k k L Ł 
R; (s)D,,. = L, (sA +M, B,„ +P, (s)D, (9) 
where 1,*,M;‘,P* and R,* ,i=1,2,3 are functions of material 
properties and k , and are given by 
Lt (s)= f, (s+k +2} -(n, +2) 
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La (s)= (+c, Xst+k +2)+B4+c, +0, )} 


L,*(s)=-e€ Q? (s+k+1)/ x" (10) 
M*(s)=n, {i +c; Xs+k+2)-(1+C)} 
M,* (s)=t-(s+k +2)? +e,n, +(2-c, +e,)} 
M; (s)=- Bln? +n) x" (11) 
P*(s)=-Q? =-P,*(s), Rt (= (12) 
Ri (s)= B (ekea). R (¢)= Ps ms 

Ry (s)=-~ B hetra) - -K (n 2 4 n)] (13) 
Since equations (9) holds for arbitraryk, it must hold 


fork=0. The non-trivial solution requirement- for k ='0' 
results in the following indicial equations, 


s? -K(n? +n)=0 (14.1) 


si +As?+Bs+D=0 


where 


l 
A=n, (+e Y -— [e;c4n +ce,(2-c, +c, )—(n, +2C)] 





C4 
B=—4—[n, B+c, +c, )—(1+C)] (15) 
(+c) 
D=- [a.G+e,+4Xi+c)+n +2Chm+2-e te 
C4 $ 
C= +c, -6n =n? +n, 
The roots of equation , (14.2) are denoted by s), 


(j =1,2,3,4).The roots of equation (14.1) are denoted by 
One (j = 5,6). Moreover, it is also found that any two of the 


six real roots do not differ by an integer. Therefore, general 
solution of pas (4) has the form 


War Yrs T n }= $ Èc MBD, SA 


j=l h=a 


(16) 


where A,,B,,D, are functions of s, and are eigenvectors 
corresponding to eigenvalues s$ jand integer k;C, are 
arbitrary constants which can be evaluated by boundary 
conditions. ‘In case of solid sphere r=0 i.e. €.=0, is part of 
the domain of consideration and hence all the. field functions 
must be bounded at Č = 0. Therefore we take those solutions 


(14.2) . 


for s, which satisfy ‚the condition that Re (s, )20. For 


k=0, the eigenvalues S, and corresponding eigenvector in 
equations (10) are related by 


ienai abuk =, Ao(¢, }=0 a7) 
where Qy (s i} meet by 

n MO = 0, L +M? Q,=0 (18) 
Dp =1, A3 =M 4, B3 = N g, Ay =0,By =0, D3 =1 (19) 
Also M, (s, ) and.N z (s; ) can be obtained from 

L M, +M Ng =R,', L'M, +M, Ng =R (20) 


Various quantities in equations (18) to (20) are functions of 
s,. Whenk 21, the eigenvectors can be obtained from the 


recurrence relations (10) in terms of the eigenvectors shown in 


. equations’ (18) to (20). Thus all the eigenvectors are 


determined. The six unknowns can be evaluated by six 
boundary conditions at the outer and inner surfaces. 


V. SECULAR EQUATIONS OF SPHEROIDAL AND TOROIDAL 
VIBRATIONS 


Spheroidal mode (S-Mode) 
For spherically isotropic thermally conducting solid sphere, 


.. the traction-free, thermally isothermal / insulated boundary 


conditions (6) at the surface Č =1 results in a system of linear 


algebraic equations which has nontrivial solution if 
det(b, }=0 (21) 
Equation represents the frequency equation for flexural wave 
propagation, spheroidal vibration (s-mode) in a transradially 
isotropic thermoelastic sphere. The expressions for b, are 


given in the Appendix. 
Toroidal mode (T-mode) 


For longitudinal waves traveling along the axis of sphere, the , 


displacement field is independent of ¢-coordinate and is of * 
the form (u,,u,,0).This mode of wave propagation 


corresponds to |The frequency, equation for Toroidal 
vibrations (T-mode) can be obtained from (21) by setting m=0 


VI. NUMERICAL RESULTS AND DISCUSSIONS 


In order to illustrate the analytical development we propose to 
carry out numerical calculations to compute lowest frequency 
of s-mode with radius of the sphere for a transradially 
isotropic thermoelastic material (zinc crystal). The physical 
data is given as: 


c, = 4.20, c, =0.89,c, =1.31,c, =1.59,K =1, 
B =089, o* =5.01x10". 
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In computer simulation results have been presented 
graphically in Fig.1 and 2. in case of thermally insulated and 
isothermal conditions. 


1 
Radel dstance 





Fignre 2: Variation of lowest frequency of S-mode for n=1 with radius o the 
sphere. 


APPENDIX 

by, =|A’+(e, +e +s, +k))A, P] Q"™ 

by. ={A’+(c, +0; (1+, +k JA, P] Q" i 
ba =[A’+(c, +e; +5, +k)A, Plant 

bu = (es: ~c, (P’-(cos@P / P?) mJ, (Q) 

by, = LA, +65, +k- BPP, o E 

by =[ 4; +(s, +k—-1)B, Pr a»* 


by, =[A; +(s; +k-1)B, P P’Q°** 


bo, = Ain J aii a-n a J, @) py P 


= im[A, +q- s, -k)B, QQ P/P 
, =im[A, + (i—s, —k)B, RŽ PIP 


bs, a +(l-s,—k)B, R*+ P/P 


by o Jy (@)-(n a J, a) bP 


ba = (5, FEAD POM, by = (5 +k WD, PO 


by = (5, +k +A) DPQ 


where 


A’= = (lem? IP 2) nic; P+ (c; +c; )cos OP’ |B, ~ 


P= P (cos@), P =sin6 


(D, /BYP 
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Abstract - The objective of this investigation is to obtain physical 

properties of porous media by using a direct numerical 
simulation, The porous media is penerated in the domain by a 
random generation program, which distributes the solid rods in 
the porous media in the desired region. Navier-Stokes equations 
are solved in fluid region that is filled in the empty cells without 
any averaging. The continuity, momentum and energy equations 
are solved in a staggered grid domain with SIMPLE method. No- 
slip condition is applicd in the neighboring of each particle. The 
physical configuration is a parallel plate channel with adiabatic 
walls or constant temperature. The energy transport equation Is 
solved in solid particles without invoking the assumption of local 
thermal equilibrium. The average and local Nusselt numbers and 
total pressure drop are calculated in steady state flow and are 
compared with empirical and numerical data, 


Key words—Forced Convection — Porous Media — Parallel Plat 
— Numerical Simulation — Simple Method 


L INTRODUCTION 


T and mass transfer in porous media is one of the 
most important problems in academic investigations and 
industries. Porous materials increase convective heat 
` transfer and pressure drop in a flow field. First model for 
pressure drop in porous media was Darcy flow model. This 
’ model corisiders a linear averaged momentum equation. This 
model is simple and has performed well! within the range of its 


validity [1], but it is not appropriate for fast flows with - 


Reynolds number based on local velocity and pore diameter is 


greater than O(1). It does not also satisfy no-slip condition on 
solid boundaries. Some investigators use more’ complication 


forms of this model, which have additional nonlinear terms 
and empirical constants. Poulikakos and Renken [2], [3], 


Chou and Lien [4], Calmidi and Mahajan [5], Cheng and Hsu_ 


[6] used this approach. However, no-slip condition does not 


DLO Ro gece 
As a 


satisfy near any solid particle in their works. Several authors 
solved details of flow inside of a microscopic periodic 
structure, Eidsath et al [7], Coulaud et al [8], Fowler and 
Bejan [9] carried out two-dimensional numerical simulations 
for flow across banks of circular cylinders. Larson and Higdon 
[10] analyzed Stokes flow through lattice of spheres. 
Kuwahara et al [11], [12] assumed a macroscopic uniform 
flow to pass through a lattice of square rods placed regularly 
in an infinite space and solved flow in a block constructed 
from four neighboring square cylinders. Rahimian and 
Pourshaghaght [13] calculated the fluid flow microscopically 
in porous media without volumetric averaging. Porous media 
was generated by random distribution of square cylinders. 
Navier-Stokes and energy equations were solved considering 
diffusion and convection terms in fluid region by a point 
collocated method. The objective of this paper is to solve 
Navier-Stokes and energy equations in a staggered grid 
domain. In the staggered grids the velocities at the surface of 
the filled cells fixed zero while in point collocated methods 
the velocity of the center of the filled cells were fixed. In a 
Staggered grid domain the points with known velocities are 
four time of the point collocated. Therefore the investigator 
should consider more cells in calculation with point collocated 
method. The results are compared well with experimental and 
numerical data. 


Il, PROBLEM DEFINITION 


Consider a flow in a channel made of two parallel plates. A 
uniform grid is generated inside the channel, Fig. l-a. The 
region between two plates acts as porous roedia, if some solid 
square cylinders are put in selected grids randomly, Fig. 1-b. 
Random distribution of solid rods is chosen, since there is not 
any regular distribution of particles in foam material. The size 
of solid rods is equal to particle size in real porous media; 
therefore, maximum length between two grids can be equal to 
the size of particles. More accuracy is achieved if more grids 
lie in a rod, which implies that more grids must be applied. 


‘The main property of this method is random choosing of” 


nodes, which have to be filled. The solid cells are 


a or 
+ 
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distinguished from fluid cells by a void fraction parameter F. 
The value of this parameter is equal to one for solid cells and 
zero for fluid cells. A random generator program is utilized to 
fill some percentages of the domain. This program must have 
two properties. First, it distributes solid rods in the domain 
monotonously, i.e., it gives equal filling chance to every grid. 
Second, its porous generation differs in its different runs, The 
total volume of filled cells must produce desired porosity. Fig. 
2 shows a zoomed generated porous domain that flow field is 
solved inside it. The main configuration in this work is shown 
in Fig. 3. The channel 1s divided into three sections I, I, and 
M. In the sections I and I, channel walls are adiabatic. The 
section H is filled with porous media which is generated by the 
method. The governing equations are solved in void regions 
directly for fluid flow. Solid particles temperature is 
performed by two different cases. In case (a), the solid 
temperature varies with time and energy equation is solved for 
any particle simultaneously with solving energy equation in 
fluid region. In this case, channel walls in porous section are 
at constant temperature Ta- In case (b), particles temperature is 
considered constant and channel walls are adiabatic in all 
three sections. 


Il, GOVERNING EQUATIONS 


Goverming equations that is continuity, Navier-Stokes and 
conservation of energy including convection and diffusion 
terms 1s given as follows 


V-V=0 





(1) 
N LT. WevP+Lvv (2) 
ot Re 
aoa -l yr (in fluid region) (3) 
d f RePr 7 : 
oT a, y? (case: a) 
ðt U,-H ; (in solid particles) (4) 
(case: b) 
T =cte. 


The nondimensional variables in the above equations have 
been defined as 








pees ; y=} : ZA : P= P T 
H H U, p-U: 
7 tU 
Pele pee Ree 
so H 
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IV. NUMERICAL Memon 


Governing equations should be integrated in space and 
time using a numerica! method. The first step is to choose an 
appropriate spatial cell network over which flow variables 
would be evaluated. Two dimensional problems require 
determination of two components of the velocity vector and 
pressure at each point in the flow field. To avoid pressure field 
decoupling between adjacent cells in the grid network, 
Staggered cells are used. Staggered cell system uses three 
overlapping cells for two components of velocity and 
pressure. This is done such that for a given pressure cell, 
pressure is defined at the cell center and the x and y 
components of velocity are defined at the x and y faces of that 
cell. This method well known method, SIMMPLE, is 
naturally well suited to the physics of the flow field where 
over any velocity cell, velocity is driven by the pressure 
gradient across that cell and pressure should be given at the 
cell surface. 

Flow fields around rigid obstacles are usually transformed 
from the physical space to a computational space. This 
transforms the curvilinear, non uniform mesh of the physical 
space to a rectangular uniform spacing grid, in which the rigid 
bodies’ complex geometrical surfaces become simple surfaces 
on the boundary of computational space. 


V. Results and Discussion 


The channel dimensions were chosen 0.5x1.5m (height x 
length), see Fig. 3. The length of each three sections is equal 
to 0.5m. Numerical method was performed using a 300x100 
600x200, 900x300, 1200x400, 1500x500 and 1800x600 
girds for Re, from 10 to 400. A typical computed flow field is 
shown in Fig. 4 for Rep=100 and Pr=0.707 for grid 1200x400. 
Particle size is Smm and ¢ is equal to 0.9. The effect of each 
particle on the flow is observed well in the zoomed velocity 
field (Fig. 4-b), These microscopic effects cannot be observed 
in averaging methods. Temperature contours are plotted in 
Figs. 5 and 6 for the same flow. In Fig. 5, the solid 
temperature is assumed constant (case b) at 390 K and inlet 
temperature 7,,=300X. The effect of no thermal equilibrium is 
observed in this figure. Due to high Re number flow, fluid 
temperature remains constant before porous domain and solid 
temperature is not diffused back. Temperature contours in 
case a are shown in Figs. 6-1 and 6-2 for Rep=5 and Rep=200 
respectively. Solid material is aluminum with initia! 
temperature equal to inlet flow temperature, 7,,=300K. Wall 
temperature in section II is equal to 390K. As seen, thermal 
boundary layer thickness decreases with rising in Rep value 


near channel walls. Results of Nu number in case b are in 
table 1 for 6 set grids. As seen change of average Nusselt 
number is negligible for grids more than 900x300. All of the 
results in this paper is obtained by 1500x500 grids. 

In Refference [13] average Nusselt number was calculated by 
the following relation. 


12] 
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In this relation balance of convective heat transfer by total 


heat transfer was used to obtain average Nusselt number, If 
the length of porous domain increases heat transfer decreases, 


because the bulk temperature of fluid tends to surface 
temperature, Therefore local Nusselt number tends to zero. 


While in fully developed duct or tube local Nusselt number 


tends to a non 





ee ee 


-zero number. In this paper local heat transfer 


coefficient h, is calculated as below. 


G. 


FI 
a porous domain generated 





randomly with e=0.9 


Average Nusselt number ıs calculated by averaging of local 
convective heat transfer. Results of average Nusselt number 


versus particle Reynolds number is shown in Fig 7. As shown 


LIF AFERSI ISAIA A ELLIE SELL, 


in low particle Reynolds number the results are compared 


better with the experimental references. 





FIG. 3 
Schematic of channel geometry 





(a) Uniform grids inside the channel. 


(b) Random distribution of solid rods 
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Fig 4- Velocity vectors inside porous domain, Rep=100 
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Dimensionless temperature field in case a, 
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FIG. 5 
(1): Temperature contours in case b, Rep=100, Pr=0.7 
(2): A zoom of temperature contours in the porous field 


Tablel- Average Nusselt Number versus Particle Reynolds Number 
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cell=1 cell=2 cell=3 cell=4 cell=5 
Re=10 4.63 5.217 6.92249 6.7059 6 
Re=100 13 19.311 19.3998 19.42 20.06 
Re=400 17.225 19.924 23.537 25.689 27.23 
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Fig 7- Average Nusselt Number versus Particle Reynolds Number 
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Abstract— This paper proposes a novel approach based on 
Neuro-Fuzzy technique, for the design of an Adaptive Power 
System Stabilizer (PSS), capable of providing optimal damping 
characteristics over the entire operating range of synchronous 
machines in a modern power system. The proposed PSS employs 
a multilayer network combining the advantapes of Artificial 
Neural Network (ANN) and Fuzzy Logic Control (FLC) schemes. 
The effectiveness of the proposed Adaptive Neuro-Fuzzy based 
Power System Stabilizer (ANFPSS) is established by comparing 
.its performance in time domain simulation with that of -the 
conventional PSS. 


Key words— Dynamic Stability, Artificial Neural Network 
(ANN), Fuzzy Logic Control (FLC), Power System Stabilizer 
(PSS). 
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I. INTRODUCTION 


XCITATION control is an effective means for 
enhancing the stability of electric power systems. With the 
wide spread use of fast-acting high gain excitation systems, 
the transient stability of a synchronous machine, which is an 
indication of machine’s capability to survive a major 
disturbance, such as three-phase fault has been significantly 
improved {1]. However the machine oscillations due to 
dynamic instability resulting from small disturbances, usually 
deteriorates with the installation of such excitation systems 
having fast response and high ceiling voltage [2]. Other major, 
factors that contribute to the dynamic instability are large real 
power loading of generator or tie line, leading power factor 
operation of generators and large line reactance. These small 
frequency oscillations of a system, which is in the range of 
0.2-2.5 Hz, are due to the lack of damping of system 
mechanical mode. The cost effective solution to the problem 
of oscillatory instability is to provide damping for generator 
rotor oscillations using Power System Stabilizer (PSS), which 
are supplementary controllers in the generator excitation 
system [2]). 

The conventional PSS employed by the utility is lead-lag 
stabilizer using the speed as the input [3]. The PSS is useful 
in compensating the phase lag resulting from voltage 
regulator, exciter and generator so that a supplementary 
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damping torque component, which is in phase with rotor 
speed, is generated. The conventional PSS parameters are 
determined to ensure the optimal performance at a specific 
operating point. As power systems are non-linear and also 
prone to variations in it’s operating states over a wide 
range, it becomes necessary for a PSS to adapt situations in 
real time. Several PSS based on adaptive control techniques 
have been developed [4,5] and they require model 
identification in real time, which is a time consuming 
process. 

In recent years fuzzy logic control has emerged as one of 
the practical solution when the process is too complex and 
non-linear for analysis by conventional quantitative 
techniques. However the development of a fuzzy controller 
has to rely on the experience of the experts for deriving 
effective fuzzy control rules. Recently there has been an 
increasing use of artificial neural networks (ANNs) for 
various applications particularly because of their capability 
for learning from examples and adaptation. 

In the proposed PSS, both the FLC and ANN have been 
employed together and an Adaptive Neuro-Fuzzy based PSS 
(ANFPSS) is developed. The generator speed deviation and 
its derivative are taken as inputs for the controller. The 
network is trained using the input-output patterns generated 
through off-line simulation, for various generator-loading 
conditions. With the property of learning of ANN the fuzzy 
rules and membership functions of the controller are tuned 
automatically by the hybrid-learning algorithm. The 

‘comparisons of the simulation results of the proposed PSS 
are done against those with the conventional Power System 
Stabilizer. 


Il. SYSTEM MODELLING 
For any electric power system dynamic study, a proper 
mathematical model must be chosen. There are only a limited 
number of system components important to the dynamic 
study: the synchronous generator, the governor and the 
excitation system. 


A. Synchronous generator 

The three armature phase windings on the stator of the 
synchronous machine are replaced by two equivalent armature 
windings, a d-winding on the d-axis and a q-winding on the q- 
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axis by Park’s transformation. The models mainly differ in the 
number of windings considered along d and q-axis. The third 
order model [2] represented by the following equations is used 
for the representation of synchronous generator. 





a='/M (T, -T, -T,) (1) 

ô =@,(@—1) (2) 

eg = Jr [Ey =e, = (x ~x,)i,| (3) 

and the auxiliary equations are 

T. =P, = EY sin ô pa S roe 
xy AFEEF 

e, =V, + jJxala + jx, * ji, (5) 


B. Modeling of Excitation System 

The excitation system is considered to be of continuously 
acting IEEE Type-1 excitation system [3]. The CPSS consists 
of two phase-lead compensation blocks, a signal washout 
block, and a gain: block. The input signal is the rotor speed 
deviation A@ [18]. The block diagram of the CPSS is shown 
in fig. 1 





Fig.1 Block Diagram of CPSS 


II.. ADAPTIVE NEURO-FUZZY PSS 


The Adaptive Network Based Fuzzy Logic PSS is designed 
with two inputs, the generator speed deviation AQ@ and its 


derivative A @ , and one control output (ug). The training data 
is viewed to be very complex hence seven linguistic variables 
for each input variable were used to get the desired 
performance. The linguistic variables are specified by 
Gaussian membership functions and as a result 49 rules are 
devised. The rule-base contains the fuzzy IF-THEN rules of 
sugeno’s first order type [7] in which the output of each rule is 
a linear combination of input variables plus a constant term. 
The final output is the weighted average of each rule’s output. 
The universe of discourse for the input-output variables is 
normalized and the gain parameters chosen based on input- 


output space are A@ gain=1.0, Aq gain=0.08, ug gain=0.1 
The architecture of the ANFPSS sensing A@and A@ is 


shown in Fig. 2. where node functions in each layer are as 
described below. 





Fig 2. Architecture of ANFPSS 


Layer 1: 
Each node in this layer ts an adaptive node performing 
Gaussian membership function. 
_ (x, Tey y 
2 


a4 


where i=l, 2...7, j=l, 2...7 


Ora = Uy, (x,) = cap | 


*, , is the input to this layer and Cy , is the center of 
the membership function. 
Layer 2; 
Every node in this layer represents the firing strength of the 
rule, 


On, =W; = hy X) Ae) i=1...7, 
Eventually the nodes of this layer perform fuzzy AND 
operation. 
Layer 3: 
The nodes of this layer calculate the normalized 
firing strength of each rule. 
o, = wi =— i=1...49 
= W; = —— i=1...49. 
3i Ew 


w.—firing strength of a rule. 


Layer 4: 
The nodes in this layer output the weighted 
consequent part of the rule table. 


Og = Wi fi = wilp,xt+qytr) 
i=1,...49 
where {p.,q..r } is the parameter set of this node. 


Layer 5: 
The single node in this layer computes the overall 
output as the summation of all the incoming signals. 
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Ww ; 
Os, =) f, w, =1.,.49, 

where O s.,denote the output of the ‘1’th node in layer 
5. 

The learning algorithm for the connectionist network 
structure consists of two separate stages of a learning strategy, 
which combines unsupervised learning and supervised 
gradient-descent learning procedure. In phase one a self- 
organized learning scheme is used to locate initial membership 
functions and to find the presence of fuzzy logic rules. In 
phase two a supervised learning scheme is used to optimally 
adjust the parameters of membership functions for desired 
Output. The back-propagation algorithm is used for the 
supervised learning. To initiate the learning scheme, training 
data and the desired or guessed coarse of fuzzy partition (i.e., 
the size of the term set of each input/output linguistic variable) 
must be provided from the outside world [6]. 

The ANFPSS training is done assuming that there is 
no expert available and the initial values of the membership 
functions parameters are equally distributed along the universe 
of discourse and all consequent parts of the rule table set to 
zero. The ANFPSS starts from zero output and during training 
it gradually learns the rules and functions as close to the 
desired controller. Thus during training the network structure 
update membership functions and rule base parameters 
according to the gradient descent update procedure. 

The ANFPSS was trained by data’s created from 
Power System Stabilizers designed for various operating 
conditions in which the generator output ranging from 0.2 to 
1.0 pu and power factor ranging from 0.85 lead to 0.4 lag. The 
wide spectrum of possible disturbances used for the training 
are: reference voltage and infinite bus voltage disturbances in 
the range of -0.05 pu to 0.05 pu, torque variations from -0.15 
pu to 0.15 pu, three phase fault transients, transmission line 
with different line reactance disturbances, different machine 
inertia disturbances and one transmission line outage. A total 
of 2467 input-output data pairs are created for the training of 
ANFPSS. 


IV. TEST SYSTEM & SIMULATION STUDIES 


The ANFPSS was designed for a single generating unit 
connected to a constant voltage bus through two parallel 
transmission lines. The data related to this system are given in 
appendix. The nominal operating condition is given by active 
power=1 pu and pf=0.85 lag. 

Load test: 

With the generator operating at a power of 0.9 pu and 0.8 pf 
lag a 0.01 pu step increase in input torque reference was 
applied at Is. The disturbance is large enough to cause the 
system to operate in the non-linear region. System response 
without PSS and with the CPSS and ANFPSS under these 
conditions was shown 1n Fig 3. The system without stabilizer 
is highly oscillatory. Although the CPSS is effective in 
damping the oscillations, the ANFPSS settles the oscillations 
smoothly and quickly. 


yee 


: 





Fig:3 Simulation results for Load Test at a power of 0.9 pu 
and 0.8 pf lag a 0.01 pu step increase in input torque reference 
was applied at Is. 
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Leading pf Load test: 

When the generator is operating at a leading power factor, 
the situation is much more difficult because the stability 
margin is reduced. However, in order to absorb the capacitive 
charging current in a high voltage power system, it may 
become necessary to operate the generator at a leading power 
factor. It is therefore desirable that the controller be able to 
guarantee stable operation of the generator under leading 
power factor condition. 

With the generator operating at a power of 0.4 pu and 0.9 
lead, a 0.01 pu step increase in torque reference was applied at 
1s.The results given in Fig 4. show that the oscillation of the 
system is damped out rapidly by the ANFPSS. 


o 6 bat] 18 20 ot ae “0 ren 30 





Switching line Disturbance test: 

At an operating point of 0.3 pu power, 0.9 pf lag, one 
circuit of the double circuit transmission line was switched off 
at Is. System response without PSS and with the CPSS and 
ANFPSS under these conditions was shown in Fig 5. The 
response with ANFPSS shows less oscillations demonstrating 
better performance. 
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itching Line disturbance test 


Fig:5 Simulation results for $ 7 
at a power of 0.3 pu and 0.9 pf lag a 0.02 pu step decrease in 


input torque reference was applied at Is. 


From these plots, it can be seen that the system becomes 


ee vce stable with the provision of PSS and the oscillations are 
Fig:4 Simulation results for leading pf Load Test at a power significantly reduced with the proposed Neuro-Fuzzy based 


of 0.4 pu and 0.9 pf lag a 0.01 pu step increase in input 
: torque 
reference was applied at 1s. PSS when compared to those with conventional PSS. 


734 


Proceeding of International Conference MS’07, India, December 3-5, 2007 


V. CONCLUSION 


The major contribution of this work has been the 
application of Neuro-Fuzzy technique in the design of an 
Adaptive Power System Stabilizer.in enhancing the’ power 
system damping characteristics for low frequency oscillations. 
The conclusions drawn from the results of the proposed PSS 
are 
e Lack of online complicated mathematical 
computations makes it more reliable for real time 
applications. 

e The settling time and the overshoot is greatly reduced 
compared with conventional PSS. l 

e The stabilizer is adaptive for various disturbances 
over a wide range of operating conditions and 
significantly improves the performance of the system. 


APPENDIX 
Table .1. Generator Data 


(System frequency = 60 Hz, Base MVA=100) 







; H 
Table.2. Excitation system Data 


4 





Active power 1.0 pu 


List of Symbols: a as 
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ð : Rotor angle. 

© : Rotor angular velocity. 

Ey  : Exciter output voltage 

M : Inertia constant 

T»  : Mechanical torque 

To : Electrical torque 

Ty Damping torque 

Tdo d-axis open circuit time 
constant 

x, :  d-axis transient reactance 


x :  d-axis component of 

d 

synchronous reactance 

Xx : G-axis Component of 

f synchronous reactance 
id,iq' : dand q axis currents 
Vt : Generator terminal voltage 
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Abstract—Three phase synchronous motors conventionally run at 
the fixed synchronous speed when supplied from a voltage 
source. However, different methods are available for controlling 
synchronous motor speed through position feedback. Most of 
these methods feed rectangular wave currents into the 
synchronous machine. In this paper o simulation study has been 
implemented on an adjustable speed, current controlled, auto 
synchronized synchronous motor, which is fed from sinusoidal 
currents. 


Key words—Synchronous motor drive, Sinusoidal current 
source, variable speed drive. 


I. INTRODUCTION 


OURCING sinusoidal current from an inverter is difficult, 

especially when the load is a high inductance synchronous 
motor. Drives, which are used for synchronous motor (SM) 
speed control, are broadly of two types. One is simple variable 
voltage, variable frequency type and the other is auto- 
synchronized type, where actual motor speed dictates the 
motor input frequency. The second type of drive application 
makes synchronous motor self-starting. 

Current fed drives for auto-synchronized operation of 
synchronous motor usually controls inverter switching on the 
basis of instantaneous rotor position of the motor and as a 
result, the current flowing through the SM stator becomes 
rectangular wave. 

In this paper simulation studies have been conducted on a 
particular drive scheme where auto-synchronized approach is 
taken, but switching of inverter is done on the basis of a 
current feedback technique, so that motor can be fed from 
sinusoidal currents. Fig.! shows a block diagram of the 


proposed scheme. 





Fig.1: Block diagram of sinusoidal current controlled, auto 
synchronized, adjustable speed synchronous motor drive. 


From fig.! it can be seen that switching of the inverter is 
carried out on the basis of a comparison between a reference 
current and actual stator current. The reference current is an 
outcome derived from both rotor speed and rotor position. 

The technique used in this case for making current 
sinusoidal is Hysteresis Band PWM. Hysteresis Band PWM is 
a current feedback technique and in this case, the actual 
current follows a pre-decided reference current closely. 
Hysteresis Band current control technique has its own 
limitations but it can be overcome if used properly and 
cautiously & obviously it has its own reward as current 
waveform obtained from this technique is best and very close 
to the desired sinusoidal shape. 

Block diagram shown in fig.! depicts the operation of the 
scheme proposed in this paper. As previously stated, current 
flowing through the motor stator closely follows a reference 
current which is made sinusoidal in this case. Instantaneous 
position of rotor dictates the instantaneous magnitude of 
reference current. Synchronous motor is self-started here and 
its rotor position as well as speed is used as a feed back. As a 
result of this, the frequency of reference current varies from 
zero to a final value. The user decides the final rotational 
speed of the system which ıs given as a reference input to the 
system. Error between actual instantaneous rotor speed and 
reference speed is processed by a Pl-controller and output of 
the controller is the amplitude of the reference current. 
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IJ. HYSTERESIS BAND CURRENT CONTROL PWM 


Hysteresis Band Current Control PWM technique is a 
simple but effective, straightforward switching technique, 
which uses instantaneous current feedback for the switching 
logic, 

In Hysteresis Band Current Control, the inverter output 
current is compared with a current reference of desired 
amplitude & frequency. The difference between instantaneous 
amplitude of actual & desired current waves is considered as 
current error. Hysteresis Band control logic compares this 
current error with a pre-decided hysteresis error band or 
tolerance band & controls the switching operations of the 
inverter accordingly. When the output current of the inverter 
goes below the tolerance limit from the reference current, the 
upper switch of the inverter is switched on & the load of 
inverter finds itself connected with +0.5V, bus. In opposite 
condition, when the error goes above the upper tolerance 
band, the hysteresis controller switches the lower switch of the 
inverter and it connects the load with -0.5V,, bus from the 
input side, 

Thus, the actual output current fluctuates within an error 
band around the reference current and can be expressed as the 
superimposition of reference current and a high frequency 
ripple current with peak to peak magnitude equal to the 
tolerance band or hysteresis band. 

The slope of the ripple current (i.e. di/dt) can be found from 
the following equations. 

When the load is connected with +0.5V,. bus, 


di 


i = (0.5V,,. - Vim sin wt]/ L (1) 
When the load is connected with -0.5V,, bus, 

di 

p7 = - [0.5V4. + Vou sin ot) L (2) 


where, Vem sin wt is the instantaneous magnitude of the load 
counter emf and L is the load inductance. 
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Fig, 2: Principle of hysteresis band current control 


Fig.2 shows the above discussion in a visual form and also 
shows how switching sequence by a hysteresis band controller 
results in a PWM voltage output from the switch mode 
inverter. It is clear from the above discussion that if ripple 
portion of the actual current output is to be reduced, then a 
near-sinusoidal current waveform will be achievable and that 
can be done by reducing the hysteresis error band. 

As the reference current is tracked forcefully by the output, 
the actual current hysteresis band actually makes the current 
controlled switch mode voltage source inverter (VSI) behave 
as a current source eventually. 

In an ideal condition, a hysteresis band controller controls a 
half bridge inverter (i.e. one inverter leg for one phase) 
containing two switch-diode pair in series. By controlling the 
switching instants, the inverter just connects the input bus 
voltage of any one of the two voltage sources (+0.5V,, or - 
0.5V4.) to the output side load and the single leg inverter mid 
point potential depends only on upper or lower switch-diode 
block, which ever is conducting, in an ideal situation 
(considering zero switch drop). In an ideal condition, only one 
switch of an inverter leg remains ON, so blanking time is not 
considered for making the logic. In MATLAB a hysteresis 
control block is made with a consideration that if output of the 
logic block is ‘1° then upper switch will be on, resulting in 
+0.5V4. at output and ‘0’ will allow -0.5V,4 to go out. Fig.3 
shows the corresponding MATLAB simulation block. Dead 
Zone shown in the fig.3 actually contains the hysteresis band 


magnitude. 





1 or 0 logio oxtpat 


Fig. 3: Hysteresis band logic control 


Performance of this control logic is shown in fig.4b with 
the help of a three phase R-L circuit and the following 
simulation model data. 

R = §.5Q, L = 0.09H, A = ref. current magnitude = 2, ref. 
frequency = 20Hz, hysteresis band = +0.0003A to —0.0003A, 
dc voltage = +280Volts & -280Volts, Fixed step size = 
0.0001. 

If voltage applied to a R-L circuit is known, then it can be 
mathematically represented by a differential equation 


V=iR+L & ori= (M) [VAR] a (3) 


and can be‘used as a mathematical model for simulation. 
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Now, for three-phase system three leg inverters are used in 
normal situation, where the inverter output is never balanced 
at a given point of time, as the output of a leg could only be 
+0.5Vdc or -0.5V4- To overcome this situation a voltage-to- 
voltage converter block is required. MATLAB simulation 
model and the content of the voltage-to-voltage converter 
block are shown in fig.4a. 


transformation equations are used for referring stator variables 
to its corresponding d-q frame and extract the output 
information back. 

Fig.5 shows the d-q axis equivalent circuit of synchronous 
motor with damper windings. 





Fig. 4a: Simulation model of three-phase inverter driving 
three-phase load 


Reference current oe cue 
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Fig.4b: Reference current & actual current (both y-axis) for three 
phase R-L load with respect to time (x-axis) 


k 


JIL SIMULATION MODEL OF SYNCHRONOUS MOTOR 


Analysis of -synchronous machine can be done easily with 
the help of its equivalent circuit. As synchronous machines are 
of two types : one with salient pole rotor and the other with 
non-salient type, d-q axis equivalent circuit is required for 
representation of both the types. 

From well-known work of R. H. Park in 1920s, the method 
of referring three-phase stator variable (of synchronous motor) 
to a reference frame fixed at rotor (Le. frame rotating at 
synchronous speed) is well known. Here, Park's 


a 
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Fig. 5: Equivalent circuit of synchronous motor in d —q axis frame 


where 
iy = d-axis current 
iq = q-axis current 
ia = rotor field current refer to stator 
ing | = d-axis damper winding current refer to stator 
irq = q-axis damper winding current refer to stator 
Va = d-axis voltage 
Va = qaxis voltage 
Vø = rotor field voltage refer to stator 
Ra = per phase stator resistance 
Re = rotor field resistance refer to stator 
Ry = d-axis damper winding resistance refer to stator 
Rig = q-axis damper winding resistance refer to stator 
Lia = per phase stator leakage reactance 
Lag = d-axis magnetizing reactance 
Ling = q-axis magnetizing reactance 
Lig | = rotor field resistance refer to stator 
Lug = d-axis damper winding resistance refer to stator 
i Ley = q-axis damper winding leakage reactance refer to 
Stator 
Yi = d-axis flux linkage 
= [Lila + Lang Cira + ika + ia)] 
‘Ya = 4q-axis flux linkage 
= [Laig + Ling Cig + ing )] 


@® = synchronous speed 
(‘Py & Fq are speed voltages) 


The above equivalent circuit is drawn from stator side, with 
the rotor variables referred to stator side. The variable 
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substitutions are shown below. 


i, = (2/3)(NJN,i, (4) 
V; = (NJNDV, - (5) 
yw = (NJN,)'Y, (6) 


Subscript ‘r’ refers to rotor. N, represent the number of 
turns for stator windings (per phase) and N, is the number of 
rotor turns (per phase) related to the respective variable. For 
example Ny is number of rotor turns of field winding where as 
Ny, is number of rotor turn of q-axis damper winding. 


4 af 


ty 





Fig. 6a: Simulation model of synchionous motor m d-q frame 
with damper winding 


= 
| 
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Fig. 6b: Simulation model of synchronous motor in d-q frame 
without damper winding 


From the equivalent circuit shown in fig.5, several 
equations are derived. With the help of these equations, a 
simulation model of synchronous motor is made with damper 
windings (shown in Fig.6a); however as the system runs in 
auto synchronous mode, damper windings are not required, so 
a new simpler model is developed and it is shown in fig.6b. 


IV. AUTO-SYNCHRONISED SINE WAVE REFERENCE 
GENERATION 


Toque equation of synchronous machines is qdO frame is 
given below [1]: 
Torque developed is given as : 


Te = (3/2) p/2)*[‘Paig - Fala] (7) 


Though electromagnetic torque developed is obtained here 
through qdO frame but its magnitude is independent of frame. 
For simulation, both rotational speed and rotor instantaneous 
position are derived from mathematical equations and these 
equations are given below. 


d 
dt 


where 
Te = Electromagnetic torque 
Om = Rotational speed 
TL = ®© independent load torque 
J =Moment of inertia of machine & load 
= Proportionality constant for w dependent load 


By integrating angular velocity Om, rotor angular position 
Oa can be derived 


On = Wm / S (9) 


There are only twọ parameter by which a sine wave can be 
defined : amplitude and absolute electrical angular position (8. 
= a2). The main consideration of the reference frame used 
in this paper is that the electrical angular displacement 0, of a- 
phase axis is measured from the rotor q-axis & 0, at time zero 
is always considered as zero. In the models reference current 
waves are taken in abc-phase sequence and the current 
equations are given below. 


i, = ACOSO. i, = Acos(0, - 22/3) & i, = Acos(0,+ 27/3) 
(10) 


With a pre-decided current amplitude, an actual 
synchronous motor data and with the help of equations 
discussed above, the performance of hysteresis band current 
controlled drive is tested and its result is shown in fig.7. 

Synchronous motor data: 

Rating: 3phase, Y-connected, 4-pole, 400Volts, 2.17A, 
50Hz, 1.2 Kw, Cos® = 0.8, 1500 rpm. 

Field Rating: salient pole, 85V, 1.6A, N,/ Na =14.6, so Via 


= 85/14.6 
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Parameters: Ra = 5.50, La = 0.01639H, Lag = 0.08228H, 

= 0.0477H, Loa = 0.06226H, Lyq = 0.05296H, Ra =16Q, 

Ryq = 4.167, Lia = 0.01H, Req = 0.30960, J = 0.058 1 kgm’, 
f =0.00963Nm-s/rad (no load), Ti =0.006N-m. 

Specification for simulation is given below: 

Solver option: fixed step, ode4 (Runge-Kutta), Fixed step 
size: 0.000005, simulation time = 0 to 2.5 sec, hysteresis 
current band: 0.00005A, dc voltage for inverter: +400V & - 
400V. 
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Fig. 7: Auto-synchronized reference current (y-axis) & actual 


stator current (y-axis) Vs time{x-axis) 
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Fig.8: For actual machine simulation, PI controller o/p ‘Amp’ & 
actual speed o/p Wm-act (both along y-axis) vs. time (x-axis) 
for W-ref = 120 rad/sec & f = 0.06 Nm-s/rad 


V. SIMULATION RESULTS FOR SPEED CONTROL APPLICATIONS 


To achieve the control over the final’ speed output of the 
system, the authors have designed a PI controller for a specific 
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speed range of 160rad/sec (close to 50 Hz electrical) & 
94rad/sec (close to 30 Hz electrical). If the controller is 
considered in form of Kp*(1+l/sTi) then value of Kp is 
0.03366 and Ti is 1.0932sec. 

One simulation result is shown in this paper (fig.8). The 
simulation parameters are given below 

Solver option: fixed step, ode4 (Runge-Kutta), 

Fixed step size = 0.00002, simulation time = 0 to 6 sec, 

Other simulation conditions: Voltage i/p = +600V & - 
600V, Hysteresis current error band = 0.0000LA 

Speed reference setting: 120 rad/sec. 

Proportionality constant for Om iiaii load, 

f = 0.06 Nm-s/rad 


VI. CONCLUSION 


The simulation study on a sinusoidal current controlled 
synchronous motor drive has been presented in this paper. The 
method of rotor position as well as speed feedback has been 
used to make the scheme self-starting and respond to variable 
speed commands. This is in contrast to conventional 
techniques using rectangular current fed synchronous motor 
drives. 
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Abstract—The electromagnetic forces, leakage inductances and 
leakage fluxes are the important parameters to design a high 
current transformer, so we satisfy to decrease the up parameters 
in a high current transformer. The leakage flux and other 
parameters are depending on windings form and because of the 
interleaved windings form; the pointed parameters will decrease 
in this form windings. The comparison of important pointed 
parameters values in the simple concentric form and interleaved 
form show the advantage of interleaved windings. We use the 
ansys 8.1 software to get results. The simulation results confirm 
the interleaved windings advantage. 


Key words— Current Injection Transformer (CIT), Leakage 
Reactance, Leakage Flux, Interleaved windings, Electromagnetic 
Forces and Finite Element Method. 
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I. INTRODUCTION 


S an electrical utility you have the right to demand that 

- Aevery piece of power equipment installed on your system 
meets your exact specifications. The reliability and safety 

of your system depend on all of the components performing as 
intended. As a manufacturer, the performance and 
conformance to industry standards of your product are of 


pnme importance. Testing can assure that your product meets: 


or exceeds performance standards. The 25kA CIT is used as a 
current source [1]. The secondary voltage of this CIT because 
of type of application ts 5V and so the secondary voltage drop 
is an important design parameter in this CIT. Since the voltage 
drop is depend on resistance of conductor and leakage 
inductance, and the resistance in front of leakage inductance is 
negligible, the value of leakage inductance is a important 
parameter to design. Leakage inductance is drivable from 
leakage flux (2, 3]. Various methods have been employed in 
the past for determining the actual leakage flux distribution, or 
good approximations to ıt [4]. Analog methods, for 
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example, have many desirable virtues, but tend to be of low 
accuracy and high cost in engineering man hours. For a 
number of years, Roth's method or one of its many variants 
has been found adequate for estimating leakage inductance; its 
drawbacks lie in slow convergence of the Fourier series and in 
its virtual inability to handle asymmetric problems [5, 6]. In 
the decade of the 1960s finite difference methods were widely 
employed, These techniques are capable of dealing with 
essentially arbitrary geometries with good accuracy, even 
though computing times occasionally tend to be slow, as a 
result of the large number of Neumann boundary conditions 
normally encountered in transformer leakage studies [6]. Their 
use has probably also been hindered somewhat by the 
difficulty of producing computer programs which will furnish 
good results in the hands of appropriate branches of numerical 
analysis. Now a day the accuracy of the finite element 
methods is confirmed, and is an appropriate method to field 
analysis. A much more convenient and efficient method is the 
incremental energy method, TEM [7, 8, 9]. In fact, energy is 
the most accurate single quantity provided by the finite 
clement method, FEM [10]. 

In this paper the comparison between interleaved windings 
and simple concentric windings is done, and the simulation 
results on electromagnetic forces, leakage flux and leakage 
inductance in two cases is investigated and at last the 
advantage of interleaved windings is confirmed. 


I. TRANSFORMER GEOMETRY 


A. Design Parameters of the Transformer 


We design a 125 kVA single-phase shel! type transformer to 
investigate leakage inductances, leakage flux and 
electromagnetic forces in two different windings form. The 
first is simple concentric windings and second is interleaved 
windings. 
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Table. 1. Design Parameters Of The Transformer 


I25kVA 
Core Materials 
Nominal Flux Density 
Pure Cross section 


400/5V 
312.5/25000A 
Windings | Material 
Cross Section 


SOHz 
Single-phase 
Critical Current 
Density 


MS Sheets 
V/N 





1.6T 


14100mm" 


In the interleaved form the secondary winding ts among two 
divided part of primary winding. In the simple concentric 
form, first, the primary winding is wound around central leg of 
core and secondary winding is wound around primary 
winding. The secondary voltage is 5V and primary voltage is 
400V. The main parameters of the transformer are shown in 
Table 1. 


B. Transformer Geometry 


The core geometry in the Single-phase CIT transformer is 
shell type. The top and bottom yokes cross section are only 1/2 
of that of the wound limb. The primary and secondary 
windings have 80 turns and | turn, respectively. The primary 
and secondary windings can be wrapped either concentrically 
or adjacently to each other around core. However, if the 
primary and secondary windings are located adjacently to each 
other, the window height increases nearly double that of the 
concentric structure. The window height is far too large 
compared with the window width. As a result, we only 
consider the concentric situation. 


m. LEAKAGE FLUX, LEAKAGE INDUCTANCE & 
ELECTROMAGNETIC FORCES FORMULATION 


A, Leakage Flux Formulation 
The flux density B has the components: 


B. =xs-——— (i) 


Bisin 2 
~“ r or 2) 


A is the magnetic vector potential; r and z are radial and axial 
directions respectively. 

The section in which the magnetic field is to be calculated 
is divided up into small triangular elements. Within one 
element, the vector potentia! A is considered to vary linearly. 
A=Q,+Q,r+@3z (3) 

This is equivalent to a constant radial component of flux 
density within the element. 

dA (4) 


However, the axial component varies with the location. 


A A A (5) 
op OF or 
But in the numerical solution, the triangles are made small 
enough, so that the axial component B, at the centroid can be 
taken as representative for the triangle as a whole. 


A 6 

B. =— +0, 2 
Fe 

Because of the linear variation within the element, the 

vector potential A, at the centroid is the average of the values 


at the three vertices. 
A, =Z (A tAn tAn) n) 


Total flux density: 


B = B2 + B? 8) 


From (4), (6) and (8): 


2 (9) 
B= [al +03 + 202 4 fé 
r 


c 





Equation (3) written for each of the three vertices produces 
three equations, which are solved with respect to the two 
coefficients œ, and œŒ, (œ; is not needed). 


l (10) 

Oy = TÍA m n) t Anla z) 

Ay Fae op | 
l (11) 
ay = LA COn im) t AmC y+ 

Ayar) 

where 

D =(fn2nn3m) t0 n21 Zn) t (12) 


If 1, m and n are assigned in a counter clockwise direction, D 
is positive, and equal to twice the area of the triangle. 


B. Leakage Inductance Formulation 


It is assumed that the transformer operates in a two winding 
connection. This implies that all winding segments carrying 
negative direction current are connected in series, and that all 
winding segments carrying positive direction current are 
connected in series 

The ampere/turns are balanced, and the rating is same for 
both windings, 

VA = Ý VA, (13) 


Where the plus sign indicates positive direction current. 
The leakage inductance can be calculated from the total 
magnetic energy, evaluated at peak current: 





= Ue (14) 
20W 4nfW (15) 
Xo = == = 
la dan 
In per unit: 
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(16) 


The magnetic energy can be calculated from the product of 
current density and vector potential integrated over the 
volume: 


W= [[fsAdv 


The triple integral is course evaluated numerically: 
W = =») JA,r,D 


(17) 


(18) 


Only those triangular elements belonging to current carrying 
windings contribute to this sum. 
From (4), (3) and (6): 


2 (19) 
im 
m SELI JAD 


C. Electromagnetic Force Formulation 


Electromagnetic forces are calculated as flux density time's 
density times length times current. 

F = BLI (20) 

Because of radial and axial field directions, the forces are 
divided to two`radial and axial components. Radial force due 
to axial flux tends to separate the two windings. Axial force 
due to radial flux tends to compress the windings. 

The total radial forces give tensile stresses in the outer 
winding, compressive and bending stresses in the inner 
winding. Bending stresses can be reduced by increasing the 
number of axial spacers between the core leg and the winding. 

The maximum axial force per unit volume occurs at the 
winding end. It tends to bend individual disks axially between 
radial spacers. Axial forces build up down through the 
winding. 


IV. LEAKAGE FLUX AND INDUCTANCE & 
ELECTROMAGNETIC FORCES 


i 


A. Leakage Flux Simulation 

In this section, the leakage flux path on windings area is 
simulated in two different windings Form. In second case the 
windings form is interleaved and first case is simple 
concentric windings. Fig.l shows flux path on primary and 
secondary windings area in first case. The numbers of 
elements in this case are 29928 and the numbers of nodes are 
59897. The number of element on windings area because of 
much more variations on field in these areas is more then 
other areas. l 

As shown in Fig.! the flux path in primary and secondary 
„windings are symmetric and the radial fluxes directions are 
opposite. In this case the total flux density on primary and 
secondary windings is the same and in same directions. 
Because of opposite current densities in primary and 
secondary windings the force directions which apply- to 
windings are in opposite directions. So the ‘primary winding 
compress to core and secondary winding move to outer 
direction. i 


=. 001179 





Fig.1. Stray Fleld in Transformer Windings (case!) 


Fig.2 shows the flux leakage in the second case. In this case 
the windings form is interleaved. The numbers of elements in 
this case are 28712 and the numbers of nodes are 57283. The 
number of element on windings area because of much more 
variations on field in these areas is more then other areas. 

In the interleaved windings the leakage flux which results 
from two part of primary winding on secondary winding are in 
opposite directions. So the total flux in secondary winding is 
negligible. In this case the flux directions in two part of 
primary winding are opposite but the current densities in two 
winding part has same direction, so the part which is near to 
core compress to core and other part move to outer direction. 
The Fig.3 shows the maximum and minimum flux densities on 
transformer windings in the first case. ; 
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Fig.2. Stray Field tn Transformer Windings (case2) 


Fig.4 shows the maximum and minimum flux densities on 
transformer windings in the second case. As shown in the 
Fig.4 the leakage flux densities on secondary winding are in 
the opposite direction, so their effects on secondary windings 
are negligible. 


Us 
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The Table.2 shows the maximum and minimum leakage 
flux densities on CIT windings in two mention case. 


Table.2, The Mimmmum & Maximum Flux Density In Windings Area 


Flux densit 
: 


0.000000535T 


0.049T 





The comparison between two cases shows that the 
maximum flux density in the interleaved windings is reduced 
about’ %50. gt 


B. Energy & Leakage Inductance Calculation 


The stored energy and inductances values in two mention 
cases are in the Table.3. First the total energy in each winding 
was gotten from the software and than the leakage inductances 
was gotten from equation 3, 


+ 








The comparison between two cases shows that in the 
interleaved windings the total energy and leakage inductance 
is reduced about %75 in compare to first case. 


C. Electromagnetic Force Simulation 


The mechanical forces results of 25kA CIT is presented in 
this section. The validity of the model ts checked by negligible 
axial forces result because of symmetrically coils on the coils 
as expected. Since the axial stray field almost include whole 
area of windings the radial force component include whole of 
windings. In this section the electromagnetic forces on two 
mention cases was simulated. Tabie.4 shows the values of 
radial and axial component of two windings form. 


i 


0.0006N 6N 


— | 


The comparison of the electromagnetic forces in two 
different form winding shows that the interleaved windings 
will reduce the two axial and radial components of forces. The 
main component (radial) of forces in secondary winding in the 
interleaved winding is negligible. 


Force Axial 

Compo | 

nent 
First 


V. CONCLUSION 


The windings form is an effective parameter on leakage 
inductances, leakage fluxes and electromagnetic forces, so the 
voltage drop in transformer terminals is depended on windings 
form because of changes of leakage inductances. The energy 
and leakage inductance 1s reduced about %75 in interleaved 
windings. Another parameter is the maximum value of leakage 
flux that in interleaved windings is teduced about %50 in 
compare to simple concentric winding. At last the 
electromagnetic forces which apply to secondary winding in 
interleaved windings are negligible. So the interleaved 
windings are preferred to use in the CIT. | 

In addition different core volume is studied and the results 
show that the thickness of core isn’t effective parameter on 
mechanical forces. The reason is that the pressures which 
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apply to windings area is depend on windings length unit. 
Also the permeability of core isn’t effective parameter on 
mechanical forces but can effect on leakage inductances. 
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Abstract- This paper present a simple design of an controller 
of 8/6 Switched Reluctance motor (SRM). It is design to operate 
minimum number of switching devices. It makes use of a rotor 
position signal, speed signal and current signal in the closed loop 
feedback control. The proposed design scheme is applicable for 
low power rating application. Use of electronic components 
makes the controller simple, reliable and economical. The test 
results are presented for 500W, 4- Phase, 3000 RPM motor 
which has 8 stator poles and 6 rotor poles. 


Key words-—- PI controller, Position sensor, PWM, Switched 
Reluctance motor. 


I. INTRODUCTION 


ee switched reluctance machines have been shown to 
offer high-efficiency, reliable, robust, easy to 

manufacturer and inexpensive motor which can compete 
with the more conventional permanent magnet motor, 
induction motor, in a variety of application. Thus, SR [1] 
motors can be used in hard surroundings such as in high 
temperature and in vibration condition, and can be made at 
low costs. Nevertheless, the primary cost of the switched 
reluctance motor drive is the power electronic controller. 
Despite its simple structure, the real-time control of SRM is 
quite challenging. Various researcher over worldwide use the 
complicate controller like Bose [4] have used Intel 8751 single 
chip microcomputer based control for SRM. National 
Semiconductor in collaboration with SPEED laboratory of 
Glasgow University developed a control IC LMB1008 [5] for 
speed control of a three phase SRM. Krishnan et al have 
described the concept of PC based control [6] of SRM. 
Various techniques describing the instantaneous torque 
control and sensorless operation have used analog and digital 
IC s, 8096 micro-controller [7] of SRM. In this paper an 
analog controller scheme for speed control of a 500W, 4- 
phase, 3000 rpm, 8/6 pole switched reluctance motor is 
developed. The proposed scheme is simple, cost effective and 
useful for low power application. The control circuits and 
SRM drive are designed in the laboratory. 


H. DESCRIPTION OF THE HARDWARE 


The prototype drive comprises Diode bridge rectifier, four 
phase split link MOSFET inverter, and controller circuit. 
Controller circuits are used for current sensing, rotor position 
sensing, PWM current control, and gate drive circuit for 
MOSFET, power supply unit, speed controller and current 
limiter. The details of power and control circuits are given 
here. The motor parameter is given in appendix -IL 


A. Power circuit 


A MOSFET based inverter is connected in H-bridge 
split-link configuration and is supplied by a mid-point dc 
source. The midpoint de source comprises of a diode bridge 
rectifier. Besides providing filtering action, another set of two 
capacitors in series provides three wire dc supplies, such that 
each winding takes supply from one half of the dc supply and 
returns the surplus energy to the other half fast recovery 
diodes during commutation period. Equal valued resistances 
are connected to balance the voltage. The value of the dc link 
capacitor is selected to limit the peak-to-peak ripple voltage 
across the capacitor to less than five percent. Schematic 
diagram of the inverter circuit is shown in Fig. 1. 


C1 g D2 si: 
ets G3 


MV L2 
DI p D3 


cet ts 


Fig. 1 Inverter circuit of SRM. 
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B. Speed controller circuit 


The reference speed is generated by a potentiometer, which 
varies the voltage between 0 to 5 volts corresponding 0 to 
3000 rpm speed of the motor. 

For forward direction the polarity is positive and for reverse 
direction the polarity is negative which is achieved by a toggle 
switch. The signal of actual speed is obtained by 
tachogenerator. The rotor speed is compared with the 
reference speed in an op-amp based comparator and the speed 
error is fed to an op-amp based PI controller. This signal is 
appropriately scaled and limited by a zener diode so as to 
generate a reference current magnitude depending upon the 
rating of the motor. The PI based speed controller circuit is 
shown in Fig. 2. 


D. Position sensor conditioning circuit 


Two position sensor signals S1 and S2 are available from the 
encoder mounted on the rotor shaft. These signals are 
amplified, conditioned and buffered using op-amp and then 
inverted to obtain SI’ and S2’. From the experimental 
inductance profile it is known that forward motion is achieved 
by exciting the winding in phase sequence |-2-3-4-[ which 
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- Fig. 2 Circuit diagram of PI speed controller 


C. The rotor position detector 


The rotor position detector comprises the slotted disk and the 
transducers, which is shown in Fig. 3, The corresponding 
slotted disk coaxial with the rotor is a 6-tooth with 30° width, 6- 
slot with 30° width structure, and the two photoelectric 
transducers, P and Q were to be installed with a 15° interval. 
The output signals of the rotor position detector, shown in Fig. 
4, are used as the basic logic signals for controlling the power 
main switches ‘tum-on’ and ‘turn-off, and used as the 
rotor speed feedback signal for the rotor speed closed-loop 
control [8]. 


ao” a . 


Fig. 4 Output signal of the rotor position detector [8]. 


corresponds to S1. Similarly reversal of direction of rotation 
is achieved by $2 and S1, which corresponds to excitation of 
SRM winding in phase sequence 4-3-2-1-4. Thus reversal of 
direction is achieved by an analog multiplexer for reference 
current generation. Schematic diagram of position sensor 
conditioning circuit shown in Fig. 5. 
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Fig 5. Position sensor conditioning and reference current 
generation circuit. 


E Reference current generation 


Now, the reference current magnitude signal I* from 
speed controller, and position sensor signal information for 
forward and reverse motion are available. The position sensor 
information is latched on to the reference current magnitude I* 
using analog multiplexer with S1, S2 as the control inputs to 
the analog multiplexer. This provides four reference current 
signals I,*, L*, I;* and L* for the four phases of SRM 
winding shown in Fig. 5. The analog multiplexer are shown to 
provide reference currents for all the four phase windings for 
forward as well as reverse direction of rotation. 


E Triangular waveform generation 


Triangular waveform gencration is desired for response 
and frequency with the provision for level shifting, frequency 
and amplitude scaling. The triangular wavcform generated by 
this circuit has a frequency ranging from | to 10 KHz and a 
magnitude of 5 volt with provision of amplitude scaling. The 
triangular waveform thus generated is required for PWM 
current control. 


F PWM current control circuit 


The winding current is sensed by Hall-effect current 
sensor and appropriately amplified and scaled by an op-amp 
based circuit for all the four phases. It provides electrical 
isolation between power and control stage, and the maximum 
rating of 25 A of peak current corresponds to 5 volt peak. The 
winding current is sensed with allegro micro make current 
sensor module, which delivers a proportional and isolated 
voltage signal. The signal is amplified with a provision for 


gain adjustment and magnitude limiting stage towards the 
current controller. Thus, winding current signals for all the 
phases are available. This circuit makes use of precision op- 
amps with fast slew rate. The reference current, winding 
current and triangular waveform is used in the circuit to 
generate the gating signal for driving the MOSFET of the 
particular phase winding. The circuit for all the four channels 
is shown in Fig.6. The four output signals of the PWM 
current controller are fed to the four gate drive circuits 
described in the next section. 


G Gate drive circuit 


The control signal obtained from the current controller is 
buffered using AND pate and isolated using fast response 
optocoupler 6N136. The output signal at the optocoupler is 
buffered and amplified using a NPN transistor, and the output 
of this transistor available at the collector is connected to the 
gate of the, MOSFET module. All the four optocouplers have 
been biased by the individual power supply so as to provide 
protection and isolation. The gate driver circuit is shown in 
Fig.6. A careful design yields the values of the circuit 


parameters used at various stages. The values of these 
components are shown in the circuit diagram. 
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Fig. 6 PWM current contol and Gate drive circuit 
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Il. TESTING OF SRM DRIVE 


The hardware consisting of power circuit, control circuit and 
gate drive circuit is tested individually and integrated with the 
SRM shown in Fig. 7. The drive system is tested for its 
satisfactory performance, and the response is experimentally 
recorded. The testing is performed for different operating 
conditions such as starting, reverse rotation, speed reversal 
and variable speed response. Experimental results are recorded 
to evaluate the performance of the drive. These are discussed 
in the next section. 


IV. TEST RESULT AND DISCUSSION 
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ty supe F 
an TEE ies 


The steady state current in chopping mode during low ieoi te aie ane oe t T ae, 
specd region 1s shown in Fig. 9. The PWM switching voltage came eGON eH 
across phase-| & phase-2 are also shown in Fig. 8. It is 
observed that an instantaneous control of the motor winding 
current is accomplished with the help of PWM current 
controller. The current controller generates fast on and off 
signals, which control the switching instants of the inverter 
devices. The system operates at a PWM switching frequency 
of 7 kHz. Experimental recording of all two-position sensor 
and voltage signals with the prototype system developed is 
presented. The relative position of the sensor signals S1 and 
S2 in forward region is shown in Fig. 10. In this combination 
of these position sensors signal information along with turn- 
off and turn-on angle delay that decides the excitation of a 
particular phase winding. The steady state condition of 
individual two phase currents while the motor rotating in 
forward direction is shown in Fig. 9 The graph shows the 
phase angle displacement between successive phases. The 
result confirms the ability of the analog controller for AAA Shea n 
satisfactory performance in either direction. CH: “Bua ch “20 TEA ASUN -tar a 
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V. CONCLUSION 


This paper presents a simple analog controller developed for 
control of switched reluctance motor. The controller is capable 
of implementing voltage-fed during high speed and low speed 
region respectively. The hardware developed for speed contro! 
of SRM is successfully tested for real time implementation. 
The results demonstrate that the motor works satisfactorily 
over a wide range of speed and operating conditions. 
Experimental results validate the practical design of controller 
and prove the attractive, features of such a control for 
industrial applications. Standard off-the-shelf components are 
used which makes the controller economical. Based on the 
total cost, in appendix I, it is concluded that the laboratory 
model is useful for low cost applications such a, washing 
machine. 
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APPENDIX-I 
COST OF THE CONTROLLER CIRCUIT 


COSTS IN $ 
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APPENDIX-II 
PARAMETER OF THE EXPERIMENTAL MOTOR 
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Abstract— There are number of industries, where DC drive is 
extensively used due to certain advantages of it over AC drives 
like the ease of control of speed and torque. The continuous 
evolution of the control systems with the adoption of various 
latest technologies makes the control systems very user friendly 
with much higher degree or level of reliability. The proposed 
work attempts to make a stand alone close loop controller for 
DC Machine to work independently in two modes of operation. 
In one mode Le. Local Mode, the controller can perform the 
condition monitoring as well as control of speed, voltage, 
current, temperature and other machine parameters. In its 
remote mode of operation, the same can also be monitored and 
controlled from a remote PC where the controller is connected 
with the PC through a wireless communication network. So, the 
statc-of-the-art controller is to be made with a networking 
facility such that no. of machines can be controlled and 
monitored from a centralized control station with the adoption 
of embedded technology. 


Key Words—PWM, Wireless, SAEC,PIEC 


I. INTRODUCTION 
m the beginning of this century, electric drives have 
been replacing the fluid power actuators and Internal 
Combustion (IC) machines in both high performance and 
general purpose applications. The growth of electric drives ts 
very high due to the current level of technology both in 
control aspect and in device aspect. High reliability, long 
lifetime, relatively low maintenance and short startup times 
along with ecological compatibility like low emission of 
pollutants are advantages of electric drives. The quality of 
electric drives is extended by a high efficiency, low no-load 
losses, high overload capability, fast dynamic response, the 
possibility of reversibility. Electric drives are available in a 
wide range of rated speeds, torques and power; they allow for 
a continuous speed regulation, reversal capability and they 
easily adapt to different environment conditions such as the 
adverse atmosphere or clean room requirements. Unlike the 
IC engines, electric motors provide for a ripple-free, 
continuous torque and secure a smooth drive operation. At 


present, electric drives absorb more than 70% of all the 
electric energy produced in an industrial country{1,2, 3,4]. 


DC Motor though is less used due to some maintenance 
requirement but there are certain advantages of DC motor like 
higher degree of control, wider range of speed control and 
ease of speed control. 

Today’s civilization is advancing at very faster pace with the 
adoption of wireless technology. The convergence of wireless 
technology and the embedded technology makes the wireless 
systems more reliable, much efficient as well as cost effective 
one. Moreover, the system can be made mobile one as there is 


.no need of wires for that control system to work. So, modern 
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civilization dreams, based on the successful implementation 
of wireless communication systems, where every equipment 
of remote room / office/ factory can be accessed as well as 
controlled from one’s fingertip without the physical presence 
at that room or office/factory. These advantages can best be 
utilized towards electrical engineering by having an wireless 
control and monitoring system of Electrical DC Drives which 
has tremendous potential in modern Industries 

Several works has been sighted which shows the future trend 
of embedded technology in electrical drives. In [5] 
implementation of the MC68HCIiIE9 microcontroller for 
speed control of DC motor fed by a DC chopper has been 
investigated. The chopper is driven by a high frequency PWM 
signal. A simple low cost sensorless control technique fo 
Brush less DC Motor ( BLDC) motor drives is proposed in 
the work [6]. The proposed method utilizes tbe 
microcontroller embedded AD converter for terminal voltage 
measurements. An approach for condition monitoring of an 
electrical machine is proposed in [7]. The method uses the 
power leads of the machine itself as the communication link 
between the sending station located within the machine and 
the receiving station located remotely outside the machine. 
The required communication circuit for realizing data 
transmission for both the ordinary 60-Hz power line and the 
special pulse-width-modulated (PWM) inverter-fed power 
line ts constructed. A project based approach has been 
adopted to teach matlab/simulink based controller design, 
mixed signal embedded microcontroller (SiLab C8051F020) 
based implementation of the controller for DC motor speed 
control in [8]. With the advancement of microcontroller 
technology, it has become possible to control AC drives with 
complex PWM waveforms generated by using calculating 
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algorithms while the system is online. Such algorithms allow 
the manipulation of various parameters within the modulation 
strategy which can result in changes in the output frequency 
content in [9]. A hardware board using the Inte! 8097 
microcontrollers in multiprocessor communication mode with 
master-slave configuration has been designed. 


This work attempts to monitor the parameters like voltage, 
Current and Speed of a DC Motor as part of the condition 
monitoring and to control the speed of the motor using 
microcontroller. The microcontroller[i0Q] based condition 
monitoring and speed control system is also cost effective 
solution as it provides a totally system dedicated embedded 
technology for DC Drives. The state-of-the-art of this work is 
the introduction of Wireless Technology[11] in the control 
and monitoring process of Electrical drives. 


U. SYSTEM OVERVIEW 


The overal] schematic diagram is shown in the fig 1. The 
conditions of DC Motors are to be monitored with the help of 
the state-of-the-art Stand Alone Embedded Controller 
(SAEC) system. The SAEC will be comprised of a micro- 
controller unit and with some additional IC chips for 
condition monitoring. A Power Converter based on MOSFET 
for controlling DC motor speed. A Wireless Transceiver Unit 
is used for conditions transmission to the control room. The 
measurement of DC supply voltages to the armature and field, 
the magnitude of dc current flowing through the armature, the 
running speed of the motor, the temperature of the casing of 
the motor etc. are the different conditions to be monitored 
under Motor mode of operations. All these conditions are 
measured with the help of proper sensors/devices and are 
continuously scanned by the SAEC. The SAEC will convert 
these measured parameters into proper data streams and will 
send the same to PC, remotely placed via the wireless 
transceiver unit. Apart from the measurement of different 
parameters, SAEC unit is also capable to control the speed and 
the starting of the DC machine. Tu control the speed and 
starting of the machine, power electronic Converter ciicuits is 
absolutely essential. SAEC will be capable to control the 
converter either in local mode or in remote mode. On the rear 
end there will be one PC Interfaced Embedded Controller 
(PYEC) and another one Wireless Transceiver Unit. Microsoft 
windows based state-of-the-art software receives the data 
from PIEC where PIEC receives the machine parameter based 
data from the wireless transceiver unit in its upward path from 
machine to PC, The various status of the machine will be 
displayed as per format of the software and that can also be 
varied/controlled through the downward path from pc to 
machine. Thus a database for performance analysis, to study 
the behavior of the machine under different running 
conditions as well as different types of fault condition can be 
formed from which suggestions for different protection 
schemes, different control action ete. can be speculated. 

The motor specification is provided in the appendix. The 
Power Converter is basically a chopper circuit based on 
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Fig.-1 Basic Schematic for DC motor Speed control and Condition Monitoring 


MOSFET whose gate drive signal will come from the SAEC 
unit. The gate drive signal as generated from controller will be 
isolated from the power converter by OPTOCOUPLER. The 
SAEC unit is developed on ATMEL: 89CS1 microcontroller 
and the detail firmware is described later. 


i. FIRMWARE IMPLEMENTATION 
The firmware implemented has several tasks like 
Speed estimation 

Voltage measurement 

Current measurement 
Temperature measurement 

PWM Control signal generation 
SOFTSTART for starting 

Sending measured data for 
Transmisssion 

Receiving the wireless contro! signals from 
PC 


Wireless 


Speed Control : Here the DC machine’s speed is controlled in 
open loop. Speed control is achieved by the Pulse Width 
Modulation (PWM) Technique. The voltage level 
corresponding to speed signal is sent from the PC to 
Transceiver Unit. The receiver will sense the voltage level 
and set it to SAEC. The firmware will generate the pulse of 
required width corresponding to speed demand. This signal is 
fed to the gate drive circuit of the MOSFET. The frequency 
for PWM is taken here is | KHZ, thus the firmware will 
generate pulse width ranging from zero to ImS thereby the 
duty ratio will vary from o to 100%. 


Soft start: Another feature of the firmware is soft starting as 
DC motor can not be started instantaneously from zero speed 
to full speed due to its drawing of large current and inertia. 
Hence starter is required and this is implemented in firmware 
so that machine will change from one speed to other speed 
with certain softness. The time requirement is dependent on 
the loading conditions. At no load condition this soft starting 
requirement will be slower than the loaded condition. Thus 
the user can remotely set the soft start rate-or acceleration 
rate. Here the machine is tested at light load condition with 
acceleration rate of one rps/second. | 


Measurement of speed: For speed measurement proximity 
sensor is used placed nearer to the rotor shaft. The sensor 
generates pulses of width proportional to the speed of the 
motor. The width of the pulse is measured with help of a 
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counter whose count rate is 500Khz (fap). Total countvalue 
(c) with such count rate from one falling edge to another 
falling edge will give the estimation of speed (n in rpm) as 
per the cquation (1). 


n=k*60*— 


edik 


EELEE OTESCEKHH TO B He SHH HE OAS 


Measurement of Voltage: The machine under test is 1HP, 
220V DC machine, the armature or field voltage 
measurement requires isolation from the power circuit to 
control circuit. The isolation is provided with the help of 
another voltage dependant PWM generator hardware. The 
task of firmware is to measure this pulse width fed to one of 
the port pin and accordingly estimate the voltage with proper 
calibration. 


Measurement of current: DC Current is measured with the 
help of voltage measurement technique as described earlier. 
The volfage considered here is the drop across a shunt ea 
proportional to the current. 


Measurement of Temperature: Temperature is sensed via 
temperature sensor. The voltage from sensor is then converted 
from analog to digital signal by an ADC. The ADC output is 
read by the microcontroller and is calibrated to the 
corresponding temperature. 


Wireless Communication: For remote access of the 
measured parameters, a low cost commercially available 
cordless telephone set is used. The telephone set is 
-customized to transmit the desired data from its base unit 
while the handheld or mobile unit is used to retrieve the data. 
The data to be transmitted is first converted to a serial stream 
with the state-of-the-art frame format using Biphase 
modulation technique. It is then filtered through a low pass 
filter and is fed to the input point of the base unit. The base 
unit transmits this data at ISM band of 900 MHz using inbuilt 
spread spectrum technique. 

On the other hand, the original base band signal i.e, the 
biphase modulating signal is retrieved back from the handheld 
unit. It is then fed to the input of PIEC for its biphase 
demodulation. After the demodulation, the data is fed to the 
PC through its serial port using standard RS232 protocol. 


Results 


A PWM signal of frequency 1 KHz with various duty cycle is 
generated to produce different DC voltage level at the DC 
motor’s terminal. As the motor terminal voltage varies the 
speed of the motor also varies. Fig2 shows the DC motor 
Armature voltage for 50% duty cycle at 750 rpm. A 
particular speed is achieved witha particularduty cycle. 
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Fig2 : Chopper Output voltage for 750 rpm speed 


The duty cycle is adjusted/ altered from a PC. The soft 
starting facility of the motor is also provided with variable 
acceleration time. The acceleration time can be adjusted from 
the PC. So this eliminates the need for a DC machine Starter. 
This acceleration principle is equally applicable to change to 
any other speed while the machine is running at another speed 
steadily. Fig 3 shows the gate drive as generated from the 
microcontroller. By the process of speed measurement the DC 
voltage, Current and temperature of the system are also 
measured with the proper selection of multiplexer input. 
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Fig3: 1 KHZ pulse stream for gate drive 


MIL CONCLUSION 


The aim of this work is to make a stand alone low cost 
dedicated embedded speed controller: and also motors’ 
condition monitor for any type of motor. The authors 


_attempted in this work to implement the stand alone system 
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for a DC motor, which has still many applications in 
industries. The same system can also be implemented for 
other type of motors like Induction motor, synchronous 
motor, BLDC Motor. The present system described is open 
loop one with the future objective is to implement in closed 
loop system with higher accuracy of speed and as well as 
position control. 
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Abstract-— ïn this paper we present a new stabilization amplifier 
with a selected non-linearity which is used to achieve a precise 
control of the RC oscillator amplitude and distortions, 

We determine the transfer function of the stabilization system 
and using the first harmonic method, we evaluate the oscillator 
metrological characteristics, 

The results of measurements carried out on quadrature oscillator 
illustrate the behaviour of the presented stabilization amplifier 
model. The oscillator amplitude is controlled by a precise 
variable direct courant voltage. The new controlled amplifier 
achieves a good linearity of the amplitude oscillator versus a 
variable DC voltage. This last can be used to build any harmonic 
oscillator. 


Key words - harmonic oscillators, frequency oscillation, 
stabilization amplifier, Damping parameter, 
linearization method, stabilisation ratio, distortion rate. 


harmonic 


L INTRODUCTION 
HE wave form and the metrological qualities of an RC 
oscillator depend primarily on the amplitude stabilization 
element [2], [11]. 
Indeed, to obtain oscillations, the following condition should 
be satisfied: B(p).G(p) =1 (1). 
With (p) attenuation presented by the network selection and 
G(p) is the gain of the amplifier used to provide energy for 


the oscillator. 
The analysis of the equation (1) shows that to guarantee 
oscillations it is necessary that the term B(p).G(p) is higher 


than the unit 
ie: B(p).G(p)=1+ €, . 


$ selaechre v BE 


network 


Fig. 1: Basic structure of the harmonic oscillator 


This condition imposes the instability of the oscillator and its 
starting will be pseudo oscillating with exponential: 
u(t)=U,,, sin(at) e“. 
To have a stationary regime, it is necessary to introduce an 
amplitude stabilization element. This last will affect the 
signal’s form and the oscillator becomes a nonlinear system. 
The introduction of a nonlinear element inevitably leads to 
conditions which depend on this last and the metrological 
parameters of the oscillator are affected by the quality of the 
stabilization amplifier. 
To study the behaviour of the oscillator it is pointed out that 
since the time when Van Der Pol. proposed his equation: 
y 2 
z 
0 
much of the researches are interested to study oscillators RC 
[21,[3],[7]. These studies presented mathematical models 
which where always seeking an optimal solution for a 
stationary regime providing a signal approaching a sine signal. 
They also use numerical methods to produce a low frequency 
sine wave [4],[8]. 
Unfortunately, the suggested solutions are very expensive to 
realize because they integrate multipliers, programmable 
circuits or they use stabilization elements with strongly non 
linear characteristics [11]. 





y-eod - yt o@*?y=O0 


fl. PRESENTATION OF THE STABILIZATION 
AMPLIFIER 

In this study we present a precise stabilization amplifier to 
control the oscillator’s behaviour. 

The stabilization amplifier model is presented’ by the figure 
(2). Indeed, it is composed of operational amplifiers and two 
variable resistances which select the non linearity of the 
oscillator. 

The oscillation amplitude is referenced to a precise variable 


direct current voltage. 
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5 H (Aa) 





us (du) } 
Fig.2: Schematic diagram of the stabilization amplifier 





Uan Us 


Fig.3: Transfer function of the stabilization amplifier 


By associating the stabilization amplifier circuit with a 
selective filter and a lincar amplifier having a gain G and if 
the system 1s connected in closed loop, we obtain a harmonic 
oscillator. This structure is shown in the figure 4. 





Fig.4: A conceptual model of the oscillator 


It. ANALYSIS OF THE STABILIZATION AMPLIFIER 
The output signal u.(t)of the stabilization amplifier to the 


input signal u;(t), at the resonant frequency, is necessarily 
non-linear function of u;(r) and this will introduce harmonic 


distortions into the output of the oscillator. Indeed, to analyze 
the stationary regime of the oscillator we determine the 
transfer function uw. (ft). 


function uy (ft). 
128,.U,, sing O<¢s¢g 
Uog -1¢0,)+120,U,,Sing mG SdSm+, (2) 
—Upp(t20, -180,) + 1g8,0,,sing nte SPS rag, 
r20,U,, sing 2n ~d SOS 20 


We put: u, =Gu; =GU m sing =U p sing, 


U, =U „SINAY and ¢ =ar. 

The non-linear control element system has two zones of 

operation which are respectively defined by the gains 

by and u9 ; where H =tg0, and jt, =fg0,. Its characteristic 

makes to write: $y =arcsin + (3) and 
mi 


it possible 


U, 
Im 


The input voltage He of the stabilization amplifier is added 





(4). 


$ =arcsin 


with a DC voltage Ug, or -U using two inverter amplifiers 
AO! and AQ2, having unit gain. 

When (Uy, ~u,)>0 or (Uo — u,)<0 , at the input of the 
AQ3 is applied — ue, which is coming from the output of 
AO4 and at the output of the non-linear control element we 


find:  uş=G. uj, with: u = Pal +8) (5) and 
l 


G RR (6) where £; > O (excitation damping). 
BGO 
Thus the oscillation condition 
|B(jw)G(ja)| >1 (7) is carried out. 


By examining the equation (7) we note that the increase of uy, 


is pseudo periodical with exponential e7!0' | This situation 
continues until the ue(¢j)=Uo] or e(¢2)=—-U0?2. 

When > [Uo | , the 
amplifier gain changes automatically and we obtain a second 
zone in which the gain is determined by LL. At the output of 
the amplifier 


(Uo, —#, ) <0 or stabilization 








ue 


AO3 we have 


hat Ay ka O: 
Ri R3 


Au, =—Au, then the equation (7) can be put in the following 


form: Au, ETP Ga (9). 
R, R3 
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From this expression we draw out the gain of the control 


R R R 
element: =—2(1-—L) (10), with —L=e, (11) (£3: 
Hos R ` Re R, 2 (il) (£2 
amplitude damping stabilization). 
If (Uo, — u.)>0, we apply to the amplifier input AQ3: 


Au. + At, and at its output we have: 
R R, 
Au, = 2 Au, —— Au, For the negative zone the gain will 
Ri R4 
be: 
Au, R 
U =tg0,_=— =—(1- A ) (12) with Ue <0. 
u 


e- i 4 

We can vary independently the excitation parameter jy and 
the amplitude stabilization parameter u34 and j19.. while 
adjusting R2, R3 andR4, for Ug; and Ug) threshold 
voltage. 
In the particular case where Up; =Ug2 and R3 
have symmetrical stabilization control element 
M2 =U =H: 

If R,=R,=R, there will be a saturation zone characterized 
by u =0 which is illustrated by the figure (5). 


=R4 we 
with: 





Fig.5: Stabilization amplifier characteristic for 02=0 


According to expression (12) we notice that the stabilization 
: i ; Ri R, 

term intervenes by the ratio of two resistances Ry or Re 

The substitution of (5) and (11) in (12) gives: 
Ho. (I+, (G-E) (13). 

While developing (13) we will have 

Hy =(i+e, —€,). If we put: €=(€, ~€,)<0, the gain for the 

zone two can be written as in the following form u, =(1-€,) 
(14). The equation (14) gives the stabilization 

condition 4, <4, and the gain of the stabilization amplifier 

changes automatically. The output signal versus the time will 

be: v(t)=U m sin(arje T . 

The figure.6 shows the oscillator’s behaviour. 


fa {G 
v1) = V. salet) (Gp &)} 









Re (6 p8 b) 


Js) BCJmg ole t 


(=o a ™ ria) (>t 
[Fue ats ALS l-t; 


Q) Dura) (a> 8) 
Fig.6. The operating oscillator in the Nyquist plane 


IV. OSCILLATOR LINEARISATION 

Since the behaviour of the oscillator is nonlinear, then it 
appears a distortion of the signal, provided by the stabilization 
nonlinear control element. To analyze the operation of this 
oscillator we use nonlinear systems specific methods. The 
simplest is the first harmonic method [1]. 

At the resonant frequency (@=@o), the behaviour of the 
oscillator depends on the first harmonic of the generated 
signal, 

In addition, when the signal is nonlinear, the equivalent pain 
for the first harmonic decreases. Thus G(ja@)) can be 
replaced by the harmonic gain Q;(j@p9). The equation (1) 
can be put into the following form: Q, (jæ) B(J@))=1 (15). 
At first approximation, it is supposed that the selective filter 
attenuates the harmonics of angular velocity 2@9, 3a... 
The input voltage of the stabilization amplifier is 
Ue =KU ip, raat . In addition, if we put 


, the expression (15) can be written as 


A( ja% )= ors 


follows: Lai Q, =9 (16). 
The harmonic gain is being real, because the amplifier is 
supposed to be perfect, and working in low frequency. 
According to [1] the harmonic gain can be determined by the 
following expression: 

KFO 
o=- Ju,sin@)d OD), with P=ar. 


mo 





By substituting the equation (2) into (17) we obtain: 
a- 
TA. Jussi fosato sint sesio api 
Jogsasitoaps T (1Up(tg6 —1g0,))sind + U, t0sir? pdh 
Rit, 


+ JUa sirpa | ag 
an-d, 


The resolution of (18) gives the harmonic gain, containing the 
amplitude of the first harmonic. 
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l | si 
O, = Unsal- nap +Upi(tg0, — 1962 \-cose * 


: -$ . ath, 
+Utg0,| 4-520” 4. uy 106 1s 
2 4 2. Ae Neg 





l _sin2ġ ic 
-Um {tg 9, -180 J coska HUn 0|- 7 ie + 
+e, 
. 2x 
+ Umso 3S . 
2 2x02 


l l. eds 
= Uea +o, oye 29, + sin 29,))+ 


(120, —120,)(2Uy, cos + 2U, cosh) + 
 —& + Gin 26, +sin 2¢,))] (19). 


If the amplifier is symmetrical, we have Ug =U m =U, and 
¢, = $,=%) and while replacing tg8, and tg@, respectively 
by u, and zy. then the harmonic gain is reduced to 


O, =— {GH (265 -sin 20o) + Guz (T -24o +sin 26) 


U £2 05(a — 


U 
+ (44) -H X4cos¢o)] (20) 


Since the amplitude voltage U,, is controlled by a DC 


voltage Ug, we can calculate the stabilization ratio: 6 =—— 
m 


(21) and the harmonic gain of the stabilisation element will 
be: 


Qr =G (arcsin25 -28 (1- 8%))+ 


A E )+4.8.(4— “HW Ul- 5*))] (22). 


By — (Hi ~H2)=€,, we obtain: 
Q, = [G (u (arcsin 26 — 254] (1~57)) + 


p(n- arcsin 26 + 284/(1 - 57))+45&,4(1-57))] (23). 

The expression (23) gives the harmonic gain Q, which 
represents a modelling non linearity of the oscillator. 

Indeed, by a judicious choice of E; and while varying the 
parameter €, of the control element, we can determine the 


stabilization ratio, which contains the oscillating 
amplitude U1), . After that, we deduce the selective frequency 


@, the harmonic distortions and respectively the static 





AU 
stability of the amplitude 7 =. and that of the angular 


nt 
. Aw 
velocity PE 
V. HARMONIC DISTORSIONS CALCULATION 
The non linear element of the amplitude stabilization 


conditions the quality of the signal, provided by the oscillator. 


The signal voltage u,, being nonlinear, can be expressed in 


Fourier series as follows: u, =u) (+4 aO). 


The harmonic gain for the k” Fourier coefficient is: 
2K 
Oh = f(te)sin(kd)de (24) 


aoe 


Where k =24+1 avec (=1,2,3.... 


If we replace f(u.) by its expression (2) in (24), we obtain 


Ox forthe k! harmonic: 


E-A 
Q; -—— i U „k4 sin b.sin(k@)do + J Uo, sin(ke) do + 


K+?) 
[es sino sin(kd))dd + [Ont sing sin(kd)dd + 
zh 
HR 2a, 


É -Upé sink) do + f U fly. sing sin(k ))dọ + 
K+, x+¢, 


2x 
| Cats sing sin(kd)d¢}. 
2x-4, 


The equation (25) can be used to derive the amplitude of the 


(25) 


various Fourier coefficients and the harmonic distortions. 
The resolution of (25) for the third harmonic gives the 
harmonic gain Q3: 





7 l : sindh., n 7 sin 44, 
Q ay O Vta lsin 2A Ei Jt GU, sin2ġ t— ) 


For 
2 

+Š EUn cos 3g, +40 cos3¢, )] 

a symmetrical stabilization amplifier we have: 


sin 4, 
2 








] ; 
Q, E7 [GU on (Hi — Hz {sin 26 — ) 


+62 (Uo; COS 34 ] 
By replacing 3 = H] — H2 , we obtain the final expression of 


Q3: 


a BU, OM an Sin Fy ue 





HU nE Sme COS3Py | 


By ho ioi of (3), F and (22) in (26) and after a 
trigonometric transformation, we derive the new simplest 
expression of the third harmonic 


gain: Q, Si ~—5*)(4574+5.(1—48")] (27) 


(26). 


The equation (27) shows that the harmonic distortion depends 
directly on the stabilization damping ¢4. In fact, if the 
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stabilization parameter > —>0 , the harmonic coefficient 


Q; — 0. Otherwise, if €,=1, the harmonic distortions will 
have its maximum value and the equation (27) can be reduced 


to = y where y= (vi-87) <<. 


VL AMPLITUDE AND FREQUENCY RELATIVE 
INSTABILITY 

The development of the equation (15) for the first harmonic, 
gives the following expression: X+/Y=0 (28). The real 
part of the equation (28) contains the amplitudeU,, and can 
be put in the following form X = f(y, y2,....U,,) (29). 
The imaginary part of (28) contains the selective frequency 
po, that means yf, Y-A) (30). 
By developing equation (29) and (30) and according to [7], we 
can determine respectively the static stability of the amplitude 





. m AU, AR, 
and that of the selective frequency: St kg mt 
A : 
and 2g. where K,_ is constant. 
ù R C i ' 


We notice that the amplitude stability depends primarily on 
the reference voltage Ug. Hence, the frequency stability is 
related to the oscillator network parameters. | 
VIL OSCILLATOR SETTING IN EQUATION AND 
EXPERIMENTAL RESULTS 

The validation of these theories is applied on a quadrature 
oscillator. In fact, this last is used in the LVDT sensor [5], on 
the phase sensitive detector [9], in biomedical field, and in 
telecommunication for quadratique mixers. 

Thus the stabilization amplifier of figure3 is inserted 
upstream with a dual phase-shifting network and an amplifier 
inverter of phase «x. They form together the quadrature 
oscillator of figure 7 which provides two output signals of 


identical phase g, and > equal tox. If the condition 


Pı +7 +7 =0 or 27 is carried out, we obtain a quadrature 
oscillator of a 


l 
u oscillation ff =————. 
frequency fo oak 


C 
R R Rg 
| 
R R r 
Hait hh i 
o Fi c) * 
i R R Rss 
$ | Uo 
Fig.7 Circuit diagram of the controlled amplitude sine 
quadrature oscillator ~ 


The setting in equation of this oscillator gives: 


U; [1+ RCp] -Re 
U 1+RC.p R; 


If uz =Ue, we will have: 
PO fas pRC)*.R 
(i+ p.RC)?.Ry 
=> (1+ p.RC)*.Rs +(—1+ p.RC)*.Re =0 
= (Rs + Rg — R5.R?.C? 0? — Rg.R? C? 0°) 
+ j(2.RCR5.@ —2.RC.Rg.@) = 0 
=> {j(R5 — Rg) =0 = Rs = Rg 
and 1—R2.C2.4)* =0 d'où o= 
RC 


3 


(31) 


For a frequency oscillation f =!000Hz and with £; 


R R 

parameter and £, =—+=—_ we 

2 R, R, 
U,, = f(Uo). This result is illustrated by the figure.8a, The 
least square modelling method gives an estimated linearity of 
0.2% for the amplitude U,, versus the reference DC 
voltage Up. Hence, the resulting quadratic error due to the 
linearity oscillator is Erq=3mV for an amplitude range of 
Um =6V . 
The amplitude of the sinusoidal signal is controlled by a DC 
precision voltage. In addition, the non linearity is ordered by a 
simple resistance. This offers a suitable choice of the 
oscillator’s metrological parameters. 


raise the characteristic 








, Figre.8b: Dependence of the distortion on 
the damping coefficient ¢, 
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Fig.8c: Oscillator amplitude versus the damping parameter 
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Fig.9: Signal waveforms generated by the quadrature oscillator 
for different £, 


The variation of U,, depends linearly on Up, but it is stabilized 
by £. Its maximum value exceeds Up slightly when €, 


tends towards 1. This result is illustrated by the figure (8.a). 
The curves of figure 8.b represent the harmonic distortions 


fy versus the stabilization damping. Naturally this rate 


depends on €,. If this parameter tightens towards limit 1, the 
distortions stabilize with their maximum. In addition, if 
E, tends towards 0, the shape of the signal tends towards a 


pure sinusoid. Unfortunately the stabilization ratio Ô does not 
contribute, in this case, efficiently to the amplitude stability. 


The stabilization ratio Ô and the harmonic distortions tq are 
antagonistic. 
The figure (8.c) represents the variations of U,, according to 


the parameter of stabilizationE€,. It is noticed that the 
stabilization ratio 6—1 wheneé? _,; and the amplitude 


U m is well controlled. 


VOL CONCLUSIONS 
We have presented an amplitude stabilization model 
to determine the metrological parameters of the RC oscillator. 
The obtained results are exploited directly for a precise 
selection of the oscillator’s behaviour. 
The amplitude of the signal is controlled with a variable DC 
voltage, which gives a good amplitude static stability. 
The experimental validation was made on an oscillator with 
squaring signal, since this last has a large application in the 
instrumentation field. 
The measurements results, carried out on the quadratic 
oscillator, illustrate the good behaviour 
of the presented controlled amplifier model.. 
The presented nonlinear control element can be used in circuit 
design of various types of harmonic oscillators ( Wien 
oscillator , shift oscillator.....). It can be put in monolithic 
integrated circuit. It is enough to associate some external 
resistances to it, a selective filter and an amplifier, to build 
finally RC oscillator with a known characteristics. 
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Abstract-This paper views one of the most important aspects of 
the software quality — the software reliability. It proposes the 
simplified architectural software reliability model that can be 
used for measuring the reHability parameters of the software 
architecture. It uses the well known in Russia distributed 


software system for business management “Galaxy” as an 
example. 


Key words-Distributed software application, galaxy, software 
architecture reliability, software quality. 


L INTRODUCTION . 


main characteristic of any software system is quality. 
However the software quality is a complex value and 
often it cannot be measured unambiguously. 
There are series of characteristics in concept of software 
.quality and reliability, and these series can vary by purposes of 
using the software system. There are some of them: downtime, 
transaction reliability, keeping of data integrity, familiar user 
interface, response time while processing a huge amount of 
data and many other characteristics [1]. 


With all these characteristics, some of them, like downtime, 
can be easily measured, but some of them, like a user friendly 
level, in most cases, are subjective value. 


However, quite often the user unfriendliness causes many 
human errors and, as an effect, negatively affects the software 
reliability characteristic and reduces the software quality in 
general. Since using a certain abstraction level, we can treat 
software user as an architectural component, and we can refer 
human errors to software architectural component errors. All 
these factors can affect software reltability. 


As long as software reliability is an integral part of software 
quality value, attention will be focused on this characteristic. 


In the work it is suggested to estimate the reliability of 
software architecture (including all architecturally linked 
components) by the example of well known distributed client- 
server business management system called “Galaxy” (it has 


' For example unfamiliar or complicated user interface can force user to 
type data into a wrong field or to forget mark a checkbox. - 
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distributed modular structure and at the same time it uses 
common global database for the whole business managed by 
various RDBMS like Pervasive SQL, MS SQL, Oracle) [2], 


[3]. 


The typical features of most distributed client-server 
software systems are remoteness and heterogencity of 
software components. And software architects should take into 
their account series of specific peculiarities. First of all, this is 
the dependence of software architecture model from series of 
nonfunctional system requirement such as productivity, 
protectability, safety, reliability. 

In such systems client software and server software are not 
only installed on different many miles distanced computers 
connected via local network or Internet, but usually different 
components work in different operational environment and 
under various operating systems simultaneously. That is why 
the subject of software architecture reliability analysis of such 
software systems has high scientific and practical interest. 


The distributed software system architecture analysis is 
important for data loss prevention in a software system. Data 
gathering and data storing are very expensive procedures 
(more often information costs are much higher than a 
computer system that handles this information). The 
suggested procedures of software architecture analysis allow 
preventing excessive data duplicating (for data loss averting 
due to software system failure in the future) as early as 
architecture is designed and avoid unnecessary efforts and 
financial expenditures. 


The analysis of the architecture of the distributed business 
management system “Galaxy” is the one from most important 
parts while developing software systems of this class. In the 
source [4] this problem is mentioned as a most critical 
problem of design and development of such systems. 


The architecture of the software system “Galaxy” can 
be divided into the following layers: 


e interface layer (client part of the software); 
e business-logic layer (server part of the software); 
e database layer (server part of the software). 


It is suggested to use the modified model from source 
[5] for estimating the reliability of the software architecture. In 
the context of this model for the estimating software 
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architecture reliability we use the following parameters and 
notation (please note that component parameters are used 
separately for each architecture level). 


I.PARAMETERS AND NOTATION 


M number of architecture levels; 

F the total number of architecture components; 

N, the total number of components on the certain 
number iE {1,...M}; 

D, non-overlapping set of components on the level i, i€ 


{1,...M}; 
R, the reliability coefficient for component i, i€ {1,...F}; 
using probability for component i, t€ {1,..,F}; 
PF, failure probability for component i, i€ {1,..,.F}; 


PL, conditional probability of failure in component i 
when component j fails, 
IS {aE} jC (FP): 

TA, | comparative access time to the component i, 
1€ {1,..,F}; 

TC, comparative failure analysis time for the component i, 
iE {1,..,F}; 

TE, comparative recovery time for component i, 

MEd ik); 
TU, comparative using time for component i, i€ {1,..,F}; 
TR average system downtime; 


MT TF (mean time to failure) average time to the next failure; 
S readiness coefficient; 
Rs reliability coefficient. 

For the described case of the architecture reliability 
analysis of the distributed software“Galaxy” we have the 
following parameters: 

M=3; 

N;— number of components on the first layer; 

N2— number of components on the second layer; 

N;= 1 (DBMS 1s considered as a single separate component); 
D,;and D; — non-overlapping sets of components on the levels 
| and 2; 

D3- consists of a single component ~ DBMS; 

R, — reliability coefficients of each architecture component 
(DBMS reliability coefficient is a part of this set as well); 

TC, and TE; ~ for each i are zero (because failure analysis and 
failure recovery are not implemented in the system); 

TA; and TU, — can vary for different components (these 
parameters depend on the communication speed). 

While analyzing the distributed software architecture 
reliability it ıs necessary to take into account interrelationship 
of various components, i.e. one component failure may cause 
the failure of another component. Used characteristics allow to 
estimate faultness and efficiency of distributed client-server 
software for business management. 

The average system downtime (TR) in the software 
architecture depends on both conditional and unconditional 
failure probabilities on ali architecture levels and on average 
access time, analysis time and recovery time of failed 
components [6]. In the suggested model the failure elimination 


time on the DBMS level is equal to access, analysis and 
recovery times. It means that the recovery time is less than 
failure elimination time. 

If a component uses automatic failure elimination and 
it does not contain a failure, we will treat this component as 
recovered. At the same time, the newly generated failure of 
the previous type will be treat as the new failure. 

The average system downtime (TR) is calculated for all 
three architecture levels and for each component on these 
levels. For each detailed architecture level in the software 
architecture the using probability of each component is 
multiplied to the failure probability of the component and then 
to the sum of average analysis, access and recovery time for 
the component. In addition, the failed component can cause a 
failure of dependent components both on the same and 
different architecture levels. Therefore for each architecture 
level and for all components the conditional probability of 
failure multiplies to the sum of comparative access, failure 
analysis and recovery time of these components. For one level 
and for each component conditional probability of failure 
multiplies to the sum of comparative access, failure analysis 
and recovery time as well. 

The comparative analysis and recovery time for the 
described model are valid only for DBMS level. These time 
characteristics are considered as equal to zero for the rest 
components. 

One of a series of average system downtime calculation 
methods is represented in [4]. There is the expression for 
calculating average time to the next failure (MTTF) in [4] and 
in [7]. This expression depends both on conditional and 
unconditional failure possibilities of all components on all 
architecture layers and on comparative using time of 
components without failure. The average failure time is 
calculated for each component on each architecture level. For 
each software architecture level the using possibility of a 
component is multiplied to the possibility that each component 
will work without a failure during the comparative using time 
of this component. In addition, for each separate architecture 
layer and for all components the conditional faultless 
possibility is multiplied to comparative using time of this 
component. The level without any failure also affects on the 
average time to the next failure value. 

According to [8], the readiness coefficient can be calculated 
using the following expression: 


S = MTTF | (MTTF+TR). (1) 


The reliability coefficient of the distributed software 
“Galaxy” can be estimated using the following expression: 


LS ; (2) 


762 


Proceeding of International Conference MS’07, India, December 3-5, 2007 


It is often can be effective for the architecture reliability 
analysis of real client-server software for business 
management to use reductive expressions for calculating 
average system downtime and average time to the next failure. 
These parameters can be used for measurement and analysis of 
the software quality. So the expressions will look as the 
following: 


F 
TR= X, [PU,x PF. x[TA, + 


i=] 

F 

Eo 2 
j=l, ji 
+PU XPF x|(TA +TC +TE )+ 

AY S S 5 AY 


+[PL_x|(TA +TC +TE J]J] 
SS S S S 


[PL , X[TA MM + (3) 


F 
MTTF = ¥ [PU x(l- PF) x{TU. + 
i=] 
4 
. (4) 
+ S 


(0 -PL ,.)xTU ]]] 
j=l,jži i i 


The expressions above look more rough in compare 
to the onginal ones from [7]. However they can be 
successfully used for express analysis reliability 
characteristics and quality of the distributed business 
management software “Galaxy” while estimating certain 
parameters. 

As it was mentioned above, the analysis of the system 
architecture realized as client-server software and modeled as 
a distributed set of scivices, provided by server for client 
processes is very important for preventing data loss in the 
complex business management software. 

The described set of characteristics used for software 
reliability and quality measurement may be adjusted because 
the software architect may determine most suitable parameters 
and characteristics for the particular software system taking 
into account system type and area of using. Furthermore, it is 
possible to use various characteristics for different software 
systems. 
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Abstract— Low Deusity Parity Check (LDPC) codes 
have become very popular in recent times due to their capacity 
approaching performance and are considered in the next 
generation digital video broadcasting DVB-S2 standard. This 
paper presents a new architecture for the LDPC Decoder which 
results in reduced Hardware complexity. In the proposed method, 
we reduce the computations in the Check node computation unit. 
The proposed methed can achieve same BER performance with a 
reduction in the Hardware complexity. 

Key words— Dual diagonal matrix, Low Density Parity 
Check Code, Log BP Algorithm, Partly parallel 
architecture. 


I. INTRODUCTION 

Low-Density Parity-Check (LDPC) codes are one of the best 
performing channel codes known today. Invented by Gallager 
in 1962 [1], they were almost forgotten for nearly 30 years. 
Rediscovered by MacKay in the mid-90s and enhanced to 
irregular LDPC codes by Richardson ot. al. in 2001, they are 
now to be used for forward error correction in a vast number 
of upcoming standards like DVBS2, WiMax IEEE802.16e), 
and wireless LAN (IEEE 802.11n). Providing very high 
decoding throughput and outstanding communications 
performance, they will probably become the channel coding 
scheme of choice for years to come. Major competitors to 
LDPC codes are Turbo codes which are already applied in the 
current UMTS standard. 

An LDPC code is typically represented by a bipartite graph, 
usually called Tanner graph,[2] in which one set of N variable 


nodes corresponds to the set of codeword, another set of M 
check nodes corresponds to the set of parity-check constraints 
and each edge corresponds to a nonzero entry in the parity- 
check matrix H. An LDPC code is known as ( j, k}regular 
LDPC code if each variable node has the degree of j and each 
check node has the degree of k, or in its parity-check matrix 
each column and each row have j and k nonzero entries, 
respectively. The code rate of a (j, k)-regular LDPC code is 
| - j/k provided that the parity check matrix has full rank. The 
construction of LDPC codes is typically random. LDPC codes 
can be effectively decoded by the iterative belief-propagation 
(BP) algorithm or the sum product algorithm that, as illustrated 
in Fig. 1, directly matches the Tanner graph. Decoding 
messages are iteratively computed on each variable node and 
check node and exchanged through the edges between the 
neighboring nodes. 


Fig: 1 Tanner Graph Representation of H Matrix and the 
decoding Message Flow 
II. LDPC DECODING ALGORITHM 

For hardware implementation, the BP algorithms are often re- 
formulated as the Log-BP algorithms [3] in which 
multiplication operations are converted to addition operations 
to decrease the computational complexity. In the following, 7, 
represents the log-likelihood ratio CLLR) messages exchanged 
between variable nodes and check nodes, and stands for 
intrinsic probability for every bit from a demodulator. The 
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LDPC decoding algorithm can be summarized in the following 
four major steps. 

1) Initialization 

All variables nodes and their outgoing variable messages are 
initialized to the values of the intrinsic messages. The intrinsic 
message is defined as | 


pot] 2=OLD 
P(x, =11 y,) 


Here, y, is the received symbol andy, is the transmitted 


(1) 


symbol. 

2) Check-Node Computation 

After the incoming messages are gathered in each check node 
from its connected variable nodes in the Tanner graph, the 
following check-node computation is performed: 


bey = (fT My (Sole) 


j=l jal 


(2) 


Here, d, is the degree of the check node C , 4, , represents 
the incoming message from neighbor variable node V, # V to 
check nodeC’ , and Z is the outgoing message from check 


nodeC . Function W is equal toy’ , and is expressed in the 

following equation: | 
z 1+ exp( — | x 

y (x) =y (x) = log ae 

After the check-node computation, the outgoing messages are 

passed to variable nodes along the edges. 

3) Variable-Node Computation 

The variable-node computation is expressed as follows: 


d,-1 
bye = Y hes 
i=0 


where Ze, is the incoming message from the neighbor check 


(3) 


(4) 


nodeC, +C to variable node V and “4, is the number of 


check nodes connected to , and is the outgoing message from 
variable node. V 
4) Check Stop Criterion 


When the variable-node computation is finished, the LLR of 
every symbol is updated as 


d,—1 
A, =y; + $ Mey 
i=0 


From the updated LLR vector A = {ÅA A Apy 


(5) 


a hard decision result X = {X;, Xz nesese Xjes Xy} is 


calculated as 
, Lf AsO 
i= 

0,f A,>0 


We call “and Hin the above algorithm are extrinsic 


messages, ¥, is the intrinsic message. It is clear that each 
decoding iteration can be performed in fully parallel by 
physically mapping each check node to one individual Check 
Node processing Unit (CNU) and each variable node to one 
individual Variable Node processing Unit (VNU). 

Ill. PARITY-CHECK MATRIX DESIGN 

LDPC codes are linear block codes with sparse parity-check 
matrices. The H matrix designed consists of two parts Hr and 
Hd. The Hr part is randomly generated and consists of array of 
square block matrices, where each block matrix is either a zero 
matrix or a permuted identity matrix [4]. The Hd part is 
deterministic and has the form of a dual diagonal matrix as 
shown in fig 2. 


l 
Hd = 11 


Fig: 2 Dual Diagonal Matrix 
Our motivation for choosing the parity-check matrix in this 
form has three parts.[6] First, it leads to a very practical 
method of encoding, ie, the parity-check matrix is sufficient to 
achieve encoding without having to generate a large, non 
sparse generator matrix with a quadratic encoding complexity. 
Second, a certain number of bit nodes of degree 2 improve the 
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code’s performance. Grouping those bit nodes in a structured 
way under the sub matrix makes an easy implementation. 
Third, the staircase format of the sub matrix guarantees that no 
short cycle composed of only degree-2 bit nodes exists, which 
improves the performance. 
The Hr matrix is generated by using bit filling algorithm. First 
a base matrix Mb x Nb is generated. The base matrix is then 
expanded by replacing each 0 with (L x L) zero sub matrix and 
the 1’s with Permuted (L x L) identity matrix. Let T denote the 
right cyclic shift operator where T(q) right cyclic shifting 
matrix q by u columns , then the permutation is given by Px,y 
= T") , where u=(x-l)y mod L. The matrix generated by the 
bit filling algorithm has a large girth, which is a standard of 
good error correcting capability 
IV. PARTIALLY PARALLEL DECODER STRUCTURE 
Partially parallel decoder structure are originally proposed by 
Zhang et al. Partially parallel decoder realizes message passing 
by mapping a certain number of variable nodes or check nodes 
to a. single hardware unit in time-division multiplexed mode. In 
this paper with this new design methodology we developed a 
regular LDPC code partly parallel architecture. Since the H 
matrix consists of cyclically shifted block matrix and dual 
diagonal matrix it is called a hybrid H matrix. Since we are 
using partly parallel architecture the number of check node 
computation unit (CNU) and variable node computation unit 
(VNU) are Mb and Nb respectively [7]. 
This decoder performs decoding iteration in 2L clock cycles. 
During the first L clock cycle it works in the check node 
processing mode and in the second clock cycle it works in the 
variable node processing mode. All the extrinsic and intrinsic 
messages are all quantized to 5 bits to optimize for the hardware 
complexity and are represented in sign magnitude form Each 
processing unit consists of RAM blocks to store the Extrinsic 
and Intrinsic messages. 
A. Check Node Computation Unit (CNU) 

The CNU performs the computation of all the check nodes 
and realizes the extrinsic data exchange between all the 
neighboring nodes. The calculation of the non linear function 
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l+e™ 
w(x) a of ~ eH 


implementation of LUT , which will increase the hardware 
complexity. The 


ji the log BP algorithm requires the 


log function can be written as 
ixi 

*in l-e 
l-e" 
small values when x is large as shown in fig 3. The function is 
affected by the x value with smallest magnitude [4]. But taking 
only the smallest magnitude will cause performance loss 
Therefore in the proposed architecture we take only ‘k’ smallest 








} The function has very 


LLR values for check node computation.. 


yx) | 


trm jie ee hat y y yee E E 


Fig: 3 Plot Of (x) 
Since each check node is connected to only 6 variable nodes, 


we take the smallest 3 values. Each CNU reads the extrinsic 
message from each variable node and finds the smallest values 
and calculates the check to variable extrinsic message and 
passed the values to each of the variable nodes. Since all the 
extrinsic messages are represented in sign magnitude form we 
take only the magnitude value for finding the smallest values 
and then for the calculation of the check to variable messages. 
Here we are taking only half of the messages values for 
computation which will provide with a very much reduction in 
the Hardware requirement. The sign value is obtained by 
XOR-ing all the sign bits of the messages, The check node 
architecture is shown in fig 4. 
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Fig4: Check node unit architecture 


B. Variable Node Computation Unit (VNU) 

Compared with the check node processing the operations 
performed in the variable node computation unit is simple, 
since the decoder only need to carry out all the variable node 
computation, The VNU reads the check to variable node 
extrinsic message from the Ram block and calculates the 
variable to check extrinsic message. Since the extrinsic 
Messages are stored in sign magnitude format it is converted to 
Two’s complement form to perform the addition and then 
converted back to sign magnitude form. The variable node 
architecture is shown in fig 5. 





Fig 5: Variable Node Architecture. 


S to T — Sign Magnitude to Two’s complement 


T to S — Two’s complement to Sign Magnitude 
V. Si 


All designs have been described in VHDL. As functional 
verification and simulation tool, ModelSim has been employed 
along with Xilinx [SE8.1i. The simulation results shows that 
no performance loss is incurred due to the reduction in the 
check node computation 
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Abstract— The design of an effective hearing aid is a 
challenging problem because of the nature of the impaired car. 
The recent development of commercial hearing aids with digital 
signal processing capabilities has allowed the development of 
advanced signal processing techniques to aid the hearmg 
impaired. This paper discusses the processing required for 
digital hearing aids and the architecture suitable for its 
implementation. The processing includes frequency shaping, 
adaptive noise reduction and amplitude compression. The basic 
constraints encountered in the design of hearing aids are low 
power consumption, small size and programmability of the 
device to suit the individual requirements. The choice of 
architecture has a major effect on device power consumption. 
The biggest gain in power reduction can be achieved by 
operating the circuitry at the lowest supply voltage, at the lowest 
possible speed while stil] meeting system throughput 
requirements. Thus, on an architecture level, concurrency and 
parallelism should be used as well as pipelining the data path. 
Arithmetic operations can be done by choosing a suitable number 
representation and by selecting an appropriate architecture. The 
proposed work discusses the design of FPGA based architecture 
for implementing the algorithms for hearing aid. 

Key words— amplitude compression, fpga, frequency shaping, 
hearing aids, z 


L INTRODUCTION 


MPAIRED hearing in most cases is the result of damage to 

the sensorineural cells of the cochlea. Loss of cell function 

widens the sharply tuned neural response, which reduces the 
sensitivity and signal processing capacity of the ear. 
Conventional aids only compensate for loss of sensitivity and 
compress the signal to fit within the reduced dynamic range of 
the impaired ear. Unfortunately, there 1s a sizable population 
of the hearing-impaired who cannot benefit from this simple 
approach. It is clear that to satisfy the needs of this group, new 
and better designs are required. The goal is to improve users 
speech understanding and listening comfort and to improve 
the convenience of device use. 


I. WHY FPGA? 


The demand for portable and embedded digital signal 
processing systems has increased dramatically. Hearing aid 1s 
an application of such a system with stringent constraints such 
as area, speed and power consumption. This requires an 
implementation that meets these constraints with the shortest 
time to market. The possible implementations that can be used 
range from an ASIC custom chip, general purpose processor 
to DSP Processors. The first choice could provide the solution 
that meets all the hard constraints but it Jacks the flexibility 
that exists in the other two. Also its design cycle is much 
longer. Using programmable devices (like FPGAs) for DSP 
applications could narrow the gap between the flexibility of 
general-purpose processor and programmable DSP processors 
and the high performance of dedicated hardware using ASIC 
technology. The availability of hard/soft core processors in 
modern FPGAs allow moving DSP algorithms written for 
general purpose processor or DSP processors to FPGAs using 
the core processors. A more efficient and more complex 
alternative is to convert the complete algorithm into hardware. 


I. SPEECH PROCESSING ALGORITHMS 


A. Frequency shaping 

Sensorineural loss is characterized by a loss of sensitivity to 
sounds that varies with signal level and frequency[1]. Speech 
processing for hearing impaired can be used to separate the 
high and low frequencies and improve speech comprehension 
and listening comfort. This requires a gain adjustment that 1s 
both level dependant as well as multifrequency dependant. In 
the frequency shaping algorithm the frequency range with 
severe hearing loss is applied a high gain and the gain for 
other frequency bands are given according to the loss in that 
band. 

First the frequency-shaping algorithm is simulated using 
Matlab, The input signal is split into 16 frequency bands. At a 
sampling frequency of 16 KHz, the resulting bands are 500Hz 
wide. To achieve sufficient frequency resolution at low 
frequencies, a uniform filter bank requires a large number of 
bands. 
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Fig!. The Magnitude response designed to compensate for a 
subjects hearing loss 

The fig I shows the magnitude response designed to 
compensate for a hearing impaired persons hearing loss. This 
patient has high hearing inability in the frequency range 2 kHz 
to 2.5 kHz, where a high gain is applied. Similarly a low loss 
in hearing in the frequency ranges 1.5 k Hz to 2 kHz where a 
low gain is applied. 


B. Amplitude Compression 


Amplitude compression is also an essential task for a 
hearing aid. It is used for controlling the overall gain of 
speech amplification system. It essentially maps the dynamic 
range of the acoustic environment to the restricted dynamic 
range of the hearing impaired listener. The threshold level of 
hearing and the saturation level of speech vary for different 
frequency bands in the case of hearing impaired persons. 
Applying the amplitude-compression technique in different 
frequency bands makes the person hear better as in each band 
the thresholds and saturation levels are considered. 


IV. FILTER BANK DESIGN 


Assuming that the filter bank consists of high pass and low 
pass filters (more number of filters can be added) with only 
the coefficients being different. Here down sampling by a 
factor two is used. The purpose of the down sampler is to 
discard every second sample. Through careful design, the 
down sampler can be removed entirely by the simple means of 
not calculating the values that would be discarded by the 
down sampler. This leaves the filter element as the only 
required element and reduces by one half the total number of 
multiplications that must occur in each filter. The filter 
element is made up of some form and number of multipliers, 
and some form and number of adders that sum the results of 
the multipliers [3]. In addition, since the full operation cannot 
be completed in one clock cycle, some type of register or 
delay element must be used in a practical design, resulting in a 
pipelined data flow through the filter. 

Pipelined FIR -filter architecture is shown in fig2, which 
consists of 6 tap and 6 input samples. SO,S1...... S5 are 18 bit 
input samples.cl,c2....c6 are 18 bit filter coefficients obtained 
from mat lab. The circles indicate multipliers. The squares 


indicate. 36-bit by 36-bit adder units (i, j and k). Each 
component is designed to complete its operation in one clock 
cycle. Here single clock multiplier is used. By using the 
RLOC attribute in VHDL , physical location of input registers 
relative to the multiplier elements is assigned. Multiplier itself 
is a dedicated logic device physically located between the 
configurable logic block(CLB) in FPGA[4]. Adders are 
invoked in VHDL using a single line code Sum=I,+],, The 
adder units i completes its operation in the same clock cycle, j 
in the next same clock cycle and k in the next same clock 
cycle. In order to obtain pipelining, registers named Dly are 
used. The number system used is a variable length fixed point 
numbering scheme using signed binary arithmetic operations 
on signed binary values. The design accounts for overflow 
conditions in multiplication operations but not in the addition 
operations, 





Fig. 2. Pipelined FIR Filter Architecture 


V. SYNTHESIS AND SIMULATION 


All designs have been coded in VHDL. As functional 
verification and simulation tool, ModelSim has been 
employed along with Xilinx ISE8.1i.Device utilization 
summary for frequency shaping algorithm is shown below. 


Selected Device : 2vp30ff896-6 
Number of Slices ‘ : 2762 out of 13696 20% 
Number of Slice Flip Flops : 1296 out of 27392 4% 
Number of 4 input LUTs =: 3564 out of 27392 3% 
Number of Shift registers  : 2484 
Number of bonded IOBs  :97outof 556 17% 
Number of MULTI8XI8s :36o0utof 136 26% 
Number of GCLKs :loutof 16 6% 
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(Synthesis and simulation of amplitude compression 


algorithm is going on progress) 
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Abstract—A soft computing approach combining Genctic 
Algorithm (GA) and Artificial Neural Networks (ANN) is 
presented here for selection of an Optimal Combination of 
windows on the digit image , which when selected for extraction 
of shadow features produces an optimal recognition performance 
on samples of handwritten Bangla digits. Out of 16 overlapping 
windows used during experimentation, the technique selects an 
optimal combination of 11 windows producing a recognition rate 
of 93.4% by eliminating rest of the other windows having no 
significant effect on the recognition performance. The work 
establishes the excellence of soft computing paradigm in 
modeling intelligent computation related to automated patiern 
classification and can be extended to digits as well as characters 
of other scripts such as English, Hindi, Arabic etc 

Keywords— Soft computing, GA, 
computation, Pattern classification. — 


ANN, Intelligent 


I. INTRODUCTION 


Som computing approach, combining several novel 
models of computation, such as neural networks, fuzzy sets 
and systems, and genetic algorithms (GAs), is mainly 
devised to solve real world ill-defined, imprecisely 
formulated problems requiring huge computation [1]. 
Handwritten digit recognition is a typical example of one such 
problem. Machine recognition of handwritten digits requires 
modeling perceptual power or cognitive capabilities of 
human beings, at least to some extent, in identifying 
handwritten digits of varying shapes and sizes, caused by 
different handwriting 
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styles of different individuals. The problem is also 
commercially important as it is required for automatic pin 
code identification needed for automatic mail sorting, reading 
figures from bank cheques and filled in forms and so on. 

To deal with the above problem in some of the previous 
works [2,3], the Multi Layer Perceptron (MLP), i.e., a feed 
forward model of the artificial neural network with 
learning and generalization abilities, was used as a pattern 
classifier along with shadow and other features, extracted 
after dividing a digit image through a number of 
overlapping windows. This was so as to include local details 
of a digit image in the feature set with greater details. 
Later it is found that all these windows are not required for 
achieving an optimal recognition performance. To find a 
selective combination of some of these windows so that the 
shadow features, when extracted from these windows, would 
produce an optimal performance is 
computationally intractable. This motivates the use of 
Genetic Algorithm (GA) [4], i.e., an intelligent optimization 
algorithm free from chances of sticking to local minima, is 
used here for this purpose. More specifically speaking, a 
simple Genetic Algorithm (SGA) is used. For systematic 
selection of windows, each digit image is divided through 
16 equal size overlapping windows under this work. An 
Optimal Combination of these windows usually does not 
contain all of them. Overlapping windows are used here to 
ensure that at least some of the contents of the features 
extracted from one windows, rejected from the optimal 
combination is included at the time of recognition with the 
features extracted from its selected overlapped counterpart. 

For implementing the fitness function of the SGA, 
recognition performances are measured through MLP 


recognition 


Proceeding of International Conference MS’07, India, December 3-5, 2007 


classifiers trained with features extracted from various 
combinations of windows, i.e., the candidate combinations 
of vanous windows, represented with the chromosomes of 
each population of the GA. 

Bangla, digits from which script are used here for 
experimentation, 1s the second most popular script in Indian 
subcontinent. Popularity wise as a language, Bangla stands 
second tn the Indian subcontinent and fifth in the world. 


IJ. BANGLA Digit SET AND SHADOW FEATURES 


Typical digit patterns of first ten natural numbers (0 to 9) 
taken from ‘Bangla’ script are shown in Fig. |. In this work, 
each digit image is divided through 16 equal size 
overlapping windows, containing different fragments of the 
digit image. How these overlapping windows are created is 
illustrated in Fig2 (a-c). The initially created window of size 
hxh is shown at the top left corner of the image frame in the 
said figure. After extracting features from the window, it is 
moved downward by a length of h/2 producing another 
window, having 50% overlapping area with that the 
previous window. After extracting features from this 
window, the process is repeated over the entire height of the 





a. An illustration for production of overlapping j 
windows on the digit image 





b. a single window containing a fragment of 
a digit image of Fig 2. (a) 





c. an illustration for simple shadow 
features 


Fig 2. (a-c) An illustration for extraction of simple 
shadow features from overlapping windows 


image frame resulting into a vertical scan of feature 
extraction. After completion of one such vertical scan, the 
window is moved sidewise along the top most horizontal 
side of the image frame again by a length of h/2 before 
extraction of features from it. Starting from this window 
again a vertical scan for feature extraction is performed to 
compute features from various overlapping windows created 
in this scanning process. 

In this way, every vertical scan for feature extraction 
followed by a horizontal shift of the window along the top 
most side of the image frame is repeated until the entire 
image frame is traversed by this process. For the present 
work the value of h is considered as 2/5 of the height of the 
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image frame. Considering digit images of size 32x32 Pixels, 
16 overlapping windows are created for the present work. 
Before extracting shadow features from each such window, 
it is divided into 4 equal size rectangular regions as shown 
in Fig 2(c). 

So each digit image is divided into 64 equal size 
overlapping rectangular regions before extraction of shadow 
features. From each of these rectangular regions, shadow 
features are computed by considering the lengths of 
horizontal and vertical projections of the image fragments 
therein on any two adjacent sides of the encompassing 
rectangle as shown in Fig 2(c). The shadow features 
considered here are basically simple shadow features as they 
are very small in numbers. But by dividing each of 
overlapping windows into 4 equal size rectangular regions, 
the total numbers of windows, from where shadow features 
are computed, is increased here by 4 times increasing the 
total number of shadow features extracted from a digit 
image to 128. Use of simple shadow features extracted from 
a combination of appropriately selected overlapping 
windows in large numbers may outperform the recognition 
rate obtained through selection of complex shadow features, 
i.e., more number of projections considering diagonals and 
the other two adjacent sides of the rectangles, from the 
entire image. 


HI SELECTION OF WINDOWS USING SGA 


Selection of a combination of overlapping windows on a 
digit image, which when used for extraction of shadow 
features produces an optimal recognition performance, is 
performed here using SGA. In doing this, each candidate 
solution or chromosome is encoded with a 16 bit binary 
string, in which each bit corresponds to one of the 16 
overlapping windows on a digit image. Each bit in the 
chromosome has a value | if the corresponding window is 
selected for feature extraction. Otherwise, it has a value 0. 
Initially a population of candidate solutions is created by 
randomly generating 20 chromosomes for SGA. After every 
iteration of SGA, the population size is kept fixed to 20 
chromosomes here. 

The fitness of each chromosome of the population thus 
created is measured by obtaining the recognition rate of an 
MLP classifier on the fest samples, from which shadow 
features are extracted by considering a combination of 
overlapping windows, encoded by the chromosome. Prior to 
that, the MLP classifier is to be trained with the shadow 
features extracted from the training samples on the basis of 
the same combination of overlapping windows encoded by 
the same chromosome. For computing fitness values of all 


the chromosomes of a population this process is to be 
repeated for each chromosome of the population. 

After a population is evaluated on the basis of the 
fitness function, the stopping criterion of SGA is to be 
tested. In this work, the stopping criterion is reached either 
after 20 generations have passed or the average fitness 
value of the current population is greater than or equal to 
98% of the maximum fitness value obtained so far. 

Failing to reach the stopping criterion, a new population 
of more promising chromosomes, also called a generation, 
is to be reproduced from the existing population, in SGA. 
For this, 20 chromosomes are selected here from the 
existing population using roulette wheel, weighted 
proportionally with the fitness values of the chromosomes 
of the existing population. Once a new population of 20 
chromosomes is created in this way, 80% of the 
chromosomes are selected pair wise randomly from the 
population for performing crossover operation over them. 
The crossover point is selected at the middle of each 
chromosome here. 

Once Crossover operation is completed, the current 
population is left with 16 chromosomes, undergoing 
crossover, plus 4 chromosomes, selected by roulette wheel 
method. Half of the chromosomes of this population is 
again randomly selected for mutation. The cxact bit of a 
chromosome to be mutated is also selected randomly. In this 
way, a generation of population is reproduced from the old 
one, which is to be again evaluated to check if the stopping 
criterion is met. SGA is repeatedly executed in this way 
until the stopping criteria is reached. 


IV. RESULTS AND DISCUSSION 


To conduct experiments with the technique described so far, 
a database of 3000 samples of handwritten Bangla digits is 
prepared by collecting handwritten samples from people of 
different age groups, academic levels and sexes. The 
database consists of image samples of all 10 classes of 
digits in equal numbers.. By dividing the database in 2:] 
ratio, training and test sets are formed. That is, the raining 
set and the test set, used for this work, consist of 2000 
samples and 1000 samples respectively. 

With this training and test sets, SGA produces an 
Optimal Combination of 11 overlapping windows giving a 
recognition rate of 93.4%. The MLP classifiers used here 
for evaluating the fitness function of SGA by recognizing 
the fest samples are each trained for 2000 iterations of back 
propagation learning algorithm with a learning rate of 0.8 
and a momentum of 0.7. 
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By following the present technique, it has been possible to 
eliminate 5 windows having no significant effect on the 
recognition performance. It establishes the excellence of soft 
computing paradigm in modeling intelligent computation 
related to automated pattern classification. The work can be 
extended to digits as well as characters of other scripts such as 
English, Hindi, Arabic ete. 
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Abstract— With the emergence of mobile computing and 
communication devices, design and implementation of low energy 
VLSI systems have got a significant role to play in VLSI circuit 
design. The mater of power dissipation was less visible in the 
early VLSI design issues. But recently power dissipation has 
become the main design concern in several applications. 
However, power saving should be achieved without 
compromising high performance or minimum area, thereby 
creating a new design culture. As an attempt towards this, in the 
present work parallel back Propagation artificial neural 
networks are employed to optimize and predict the various 
system parameter of a GaN nanodevice so that the relevant 
device will exhibit better high frequency response and will be 
power efficient. 


Key words-~ optimization, artificial neural networks, 
nanodevices, ultradense, scattering mechanism. 


I. INTRODUCTION 


he first “generation” of computer relied on vacuum tubes. 

Then came discrete semiconductor devices, followed by 

integral circuits. The first Small-Scale Integration (SSD 
ICs had small number of devices on a single chip- diodes, 
transistors, resistors and capacitors (but no inductors) making 
it possible to fabricate one or more logic gates on a single 
device. The fourth generation consists of LSI i.e. system with 
at least a thousand logic gates. The natural successor to LSI is 
VLSI. Current technology has moved far past this mark and 
today’s microprocessors, which also are fabricated through 
VLSI, have many millions of individual transistors. During the 
course of the VLSI design cycle, circuit performance can 
usually be increased by design improvements, more rapidly in 
the beginning, then more gradually until the performance 
finally saturates for the particular design style and technology 
being used. The level of circuit performance, which can be 
reached within a certain design time strongly, depends on the 


effictency of the design methodologies, as well as on the 
design styles. The main objective, however, remains device 
minimization. Device minimization results in reduced unit 
cost per function and in improved performance. As a result, 
the cost per bit of memory chips has almost halved every two 
years for successive generation of random access memories. 


Nanodevices have been the objects of intensive research 
during the last two decades [1,2]. Some of the devices have 
matured into commercially useful products and form part of 
modern electronic circuits. Some requirs much further 
refinement, but have the promise of being useful commercially 
in the near future [3,4]. In nanodevices the channel length is 
comparable to the de Broglie wavelength so that a subband 
structure is developed allowing two-dimensional (sometimes 
one-dimensional) electronic transport parallel to the interfacial 
planes. Carrier mobility in such devices is particularly high at 
low temperatures [4]. 


In the present work parallel back propagation artificial 
neural networks (ANNs) are employed to optimize and predict 
the various system parameter of a GaN nanodevice so that the 
relevant device will exhibit better high frequency response and 
will be power efficient. Artificial Neural Networks are a 
computational tool having Artificial Intelligence origins. They 
are also called parallel distributed processing systems. They 
are intended for modeling the organizational principles of the 
central nervous system, with the hope that the biologically 
inspired computing capabilities of the ANN will allow the 
cognitive and tasks to be performed more easily and more 
satisfactorily than with conventional serial processors. 


H. ANALYTICAL MODEL 


In the present study we consider square quantum well of 
GaN of infinite barrier height as the semiconductor 
nanostructures.This approximation is valid because the band 
offset between the well and the barrier layers is more than 
three times the average electron energy in the well for the 
highest de electric field considered. The carriers, therefore, are 
assumed to populate only the lowest sub-band of the square 
quantum well in the infinite barriers height approximation. 
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For numerical calculations, electron temperature model! has 
been employed and relevant scattering mechanisms are 
incorporated in the calculations. Screened scattering rates are 
considered except for LO phonons, where carrier screcning is 
insignificant in the present condition, Carrier energy and 
momentum balance equations are solved employing electron 
temperature model with the help of relevant eapressions for 
various parameters. The expressions for ac mobility, phase 
angle and cut off frequency (at which the ac mobility drops to 
0.707 of its low frequency value) are then obtained for further 
analysis. As suggested by a growing number of 
researches,GaN is becoming an important material with regard 


to the development of opto-electronic devices operating in ' 


either the blue region of the visible spectrum or the near ultra 
violet regime due to its appropriate band gap magnitude [5]. 
Large peak of GaN electron velocity makes it an important 
candidate for high frequency application as well [6]. Recently, 
| U m AlGaN/GaN hetostructures field effect transistor 
[HFET] with the cutoff frequency of 18.3 GHz has been 
fabricated. It is anticipated that further improvement in device 
design will yield even faster devices [7,8]. 


HI. Sorr COMPUTING MODEL 


An artificial neural network (ANN) is a computational tool 
having Artificial Intelligence origins containing a number of 
simple, highly interconnected processing elements, which 
process information by their dynamic state response to 
external inputs. ANN offers distinctive advantages in some 
areas. First, ANN has a better filtering capacity than empirical 
models. Second, advantage that ANN has over empirical 
models is the ability to adapt. ANN has specified training 
algorithms, where we adjust connection weights. With the use 
of parallel network architecture the training time is much 
reduced. In a paralle! neural network architecture the training 
data set is divided into equal number of blocks each of which 
is fed to each network in the parallel architecture, thereby 
reducing significantly the total training time. Mathematical 
equation for back-propagation algorithm is written as: 


T= f (WX; + WX + neess. + WaXm) 
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Fig. | shows the activation function for back propagation 


Fig, | shows a back propagation neural networks depicting 
input layer, hidden layer, output layer and their interactions. 
The mathematical equations for back propagation algorithm is 
represented as: 


R 
laf cy WX) + WX teosena +W Xin) 
mi 


Where x... Xm are the inputs, wi 
corresponding weights. 
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An important generalization of the perception training rule 
used in back propagation network is called delta rule. The 
training equation that following in back propagation network 
is given by: 


Ww = ow + BEX / |x| 


Where Wrew = the new value of a weight connecting an input 
component X to the winning neuron. Woy= the previous value 
of this weight. B = a training rate coefficient that may vary 
during the training process. E = the difference between the 
desired output and the actual computed output. 


There are some specific issues related to 
backpropagation neural networks (BPNN) which motivate the 
potential users to use BPNN. Apart from defining the general 
architechture of a network and perhaps initially seeding it with 
a random numbers, the user has no other role than to feed it 
input and watch it train and await the output. The final product 
of this activity is a trained network that provides no equations 
or coefficient defining a relationship beyond its own internal 
mathematics. The network is the final equation of the 
relationship. BPNN also send to be slower to train than other 
types of networks and sometimes require thousands of epochs. 
If run on a truly parallel computer system this issue is not 
really a problem, but if the BPNN is being simulated on 
standard serial machine, training can take some time. This is 
because the CPU of the machines must compute the function 
each node and connection separately, which can be 
problematic in very large networks with a large amount of 
data.This basically motivated us to use BPNN in the present 
work. 


We restored to use parallel networks to lower down 
the training time of a particular network and also show how 
dramatically the training time decreases. It is observed that as 
the no. of network increases the training time drastically 
reduces thereby making the system faster. 


IV. RESULTS AND DISCUSSIONS 


Numerica] results are obtained with the material parameters 
of GaN available in the table 1. The optimized parameters 
together with the desired ac mobilities are depicted in table 2 
and 3. For particular de biasing field and the frequency of the 
applied ac field, optimization of the parameters are done to get 
the desired ac mobility. The dc biasing fields (Fp) are taken as 
1X10° V/m and 0.5X10° V/m and the frequencies of the 
applied field are 100GHz and 200 GHz which are sufficiently 
high for a departure from the low frequency behaviour. 


From the table 2 and table 3, it is evident that for a frequency 
of 200GHz and ac mobility of 0.82 m’/v.s (table 2) and 0.73 
m’/v.s (table 3) the optimized system parameters are presented 
by the row 2 of table 2 for a dc biasing field of 1x107 V/m 
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and by the row 3 of table 3 for a de biasing field of 0.5X10° Table 3: Optimization parameters for dc bias field Fy = 1.0 x 
V/m, respectively. This is a soft computing tool based 10° V/m, (frequency = 200 GHz) 

technique and it has the potential of providing on-line 
prediction of the optimized system parameters and accordingly 
the system may be fabricated with those optimized parameters. 
The present mode! is capable of predicting the better system 
parameters to mtet a desired characteristics of a low 
dimensional, low’ power consuming and high frequency 
nanodevice. It is relevant that high frequency performance is 
found : better when nonequilibrium LO phonons are 
incorporated into the calculations. Our present model has the 
special feature that it has the ability of prefixing the device 
characteristics and accordingly the model can predict the V. CONCLUSION 


system parameters, biasing field and other relevant lconclusion.we have + att 
nee j applied the ANN based prediction 
| MEET: r POPS T gel nas ve potentiality 0f technique to get the desired small signal ac mobility. For every 
providing the online prediction which will surely save the ; 7 me 
An ; Co desired value of ac mobility system parameters are optimized 
search time for the technologists involved in fabrication of which will surely provide valuable information for the person 
high fre devices. Fo trapolati oe 
a ae eee ee involved in the technology of device fabrication. Our results 


interpolation of values, the network is to be retrained 
including the desired range of parameters. will be best understood when they will appear in the real field. 
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Table 1: Material parameters of GaN 
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Abstract— This paper has two major purposes, the first, 
concept behind basic cryptographic methods and types of 
cryptography. The second, an implementation of three encryption 
algorithms and a comparison between based on CPU execution 
time. The selected algorithms are: DES, Triple-DES (T-DES) and 
blowfish. 


Key words— Blowfish, DES, T-DES. 


I. INTRODUCTION 


HE data protections against an unauthorized access or 

modification in computer and telecommunication networks 
is one of the most important challenges at the end of the XX-th 
century. Cryptography ıs the way to protect the data over 
worldwide network. The Cryptography “secure” is *‘the art of 
keeping messages secure’’. A mechanism is needed to assure 
the security and privacy of information that is sent over the 
electronic communication media is in need[1],[2]. Whether the 
communication media is wired or wireless both can be not 
protected from unauthorized reception or interception of 
transmission. The paper focuses on the analysis of three types 
of cryptography and its algorithms: Secret Key Cryptography 
(SKC): uses single key for both encryption and decryption. 
Public Key Cryptography (PKC): uses one key for encryption 
and another for decryption. Hash function: use a mathematical 
transformation to irreversibly “encrypt” information. 

Three symmetric block cipher have been selected for work 
in this paper: Data Encryption Standard (DES), Triple- DES 
(T-DES) and Blowfish [1],[(5],[6],[8].These three symmetric 
block ciphers have been chosen because DES has been a world 
wide standard for 25 years, it has also been standardized by 
ANSI and ISO. T-DES resolves the flaws in DES and it is 
much more complicated version. 


The Blowfish is a cipher with a different structure and 
functionality, and has advantages of low memory requirement 
and has a simple structure. 


Il. THE PURPOSE OF CRYPTOGRAPHY 


Cryptography is the science of writing in secret code and is 
an ancient art the first documented use of. cryptography in 
writing dates back to circa 1900 B.C. when an Egyptian scribe 
used non-standard hieroglyphs in an inscription [7],{10]. 
Some experts argue that cryptography appeared spontaneously 
sometime after writing was invented, with applications ranging 
from diplomatic missives to war-time battle plans. It is no 
surprise, then, that new forms of cryptography came soon after 
the widespread development of form of data encryption key. 

The most popular data encryption technique is Data 
Encryption Standard (DES) . The most common SKC scheme 
today, DES was designed by IBM in 1970s and adopted by the 
National Bureau of Standards (NSB), Now the National 
Institute of Standard and Technology (NIST) in {977 for 
commercial and unclassified government application. In data 
and telecommunications, cryptography is necessary when 
communicating over any untrusted medium, which includes 
just about any network, particularly the Internet. 


f 


IL. COMMUNICATION SECURITY THROUGH 
CRYPTOGRAPHY 


Communication is an essential part of life, it makes the 
progress of human being. Traditional media for 
communication are the sending of letters through the post 
office, talking over the phone through the telecommunication 
company or more communally to speak directly with the other 
person. These traditional media have existed for a long period 
of time and special provisions have been made so that people 
can communicate in a secure way , either for personal or 
business communication. Today the Internet, as a network that 
interconnects networks of computer around the world is a new 
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commutation media. Additionally, on the Internet, one can 
automate the same type of fraud bringing higher gains and a 
bigger incentive.’The law and the technologies to let 
transparent and secure communication have not been fully 
defined or set yet. 

Cryptography has provided us to security of the world wide 
network. A fundamental premises in cryptography is that the 
sets M, C, K, [Ee e € K }, {Da: d € K} are public knowledge. 
When two parties wish to communicate securely using an 
encryption scheme, the only that they keep secret is the 
particular key pair (e, d) which they are using , and which they 
must select. One can gain additional security by keeping the 
class of encryption and decryption transformations secret but 
one should not base the security of the entire scheme on this 
approach. History has shown that maintaining the secrecy of 
the transformations is very difficult indeed. | 

Cryptography is the study of mathematical techniques 
related to aspects of information security such as 
confidentiality, data integrity, entity authentication, and data 
Origin authentications. Cryptography is about the prevention 
“and detection of cheating and other malicious activities. 

Within the context of any application-to-application 
communication, there are some specific security requirements, 
including: Authentication: The process of proving one's 
identity.(The primary forms of host-to-host authentication on 
the Internet today are name-based or address-based, both of 
which are notoriously weak.) Privacy/confidentiality: Ensuring 
that no one can read the message except the intended receiver. 
Integrity: Assuring the receiver that the received message has 
not been altered in any way from the original. Non-repudiation: 
A mechanism to prove that the sender really sent this message. 


IV. CRYPTOGRAPHY ALGORITHMS 


Cryptography has several differences from pure 
mathematics. While a mathematician may use A and B to 
explain an algorithm. A cryptographer may use the fictious 
names Alpha and Beta. Suppose Alpha wants to send message 
to his bank to transfer money. He would like to the massage to 
be private, since it includes information such as his account 
number and transfer amount. One solution is to use a 
cryptographic algorithm, a technique that would transfer his 
message into an encrypted form, unreadable except by those 
for whom it is intended. When encrypted the message can only 
be interpreted through the use of the corresponding secret key. 
Without the key message is useless good cryptography 
algorithms make it so difficult for intruders to decode the 
original message that it is not worth their efforts [1],[3],[7)- 
Some encryption algorithms is shown in the Table. 1. 

There are several ways of classifying the cryptographic 
algorithms. For purposes of this paper, they will be categorized 
based on the number of keys that are employed for encryption 
and decryption, and further defined by their application and 
use. Fig. shows that the three types of algorithms which 
discussed in this paper. 


56 bits 





Most Common, 
Not strong 
enough 














168 bits(112 | Modification of 
bits DES, Adequate 


Triple DES Block 
Cipher 
f effectives) Security 
Blowfish Block Variable (up | Excellent 
Cipher to 448 bits) | Security 


Secret Key Cryptography (SKC): Uses a single key for both 
Table 1. Summary of Encryption Algorithms 
encryption and decryption. Secret Key Cryptography also 
known as Conventional cryptography and symmetric 
cryptography. 

Public Key Cryptography (PKC): Uses one key for 
encryption and another for decryption. Public Key 
Cryptography also known as asymmetric cryptography. 

Hash Functions: Uses a mathematical transformation to 
irreversibly “encrypt” information. 









n 


CEPTS TE ern ment at 


A) Seret key (eymanetric) cryptography, SEC uses a single key for bath 
encry pln and decryption. 


plaintext 





plaintext n> ciphertext > plaintext 


B) Publie key (aaymosctric cryptography, PKC uses (ro keys, one for 
eecryption zad the other for decryptfan. 


hash Auchan 





painted ciphertext 


C) Tash tion was- ray coy plese ophy), Hash Manet ions have no key 
shace the plaintext is not recoverable from the ciphertest. 


Fig. Three types of cryptography: secret-key, public key, and 
hash function 

Block ciphers can operate in one of several modes the 
following four are the most important: 

Electronic Codebook (ECB) mode is the simplest, most 
obvious application: the secret key is used to encrypt the 
plaintext block to form a ciphertext block. Two identical 
plaintext blocks, then, will always generate the same ciphertext 
block. Although this is the most common mode of block 
ciphers, it is susceptible to a variety of brute-force attacks. 

Cipher Block Chaining (CBC) mode adds a . feedback 
mechanism to the encryption scheme. In CBC, the plaintext is 
exclusively-ORed (XORed) with the previous ciphertext block 
prior to encryption. In this mode, two identical blocks of 
plaintext never encrypt to the same ciphertext 

Cipher Feedback (CFB) mode is a block cipher 
implementation as a self-synchronizing stream cipher. CFB 
mode allows data to be encrypted in units smaller than the 
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block size, which might be useful in some applications such as 
encrypting interactive terminal input. If we were using I-byte 
CFB mode, for example, each incoming character is placed 
into a shift register the same size as the block, encrypted, and 
the block transmitted. At the receiving sidc, the ciphertext is 
decrypted and the extra bits in the block (that is, everything 
above and beyond the one byte) are discarded. 

Output Feedback (OFB) mode is a block cipher 
implementation conceptually similar to a synchronous stream 
cipher. OFB prevents the same plaintext block from generating 
the same ciphertext block by using an internal feedback 
mechanism that is independent of both the plaintext and 
ciphertext bitstreams. 


A. DATA ENCRYPTION STANDARD (DES VTRIPLE DES 


Goal of DES is to completely scramble the data and key so 
that every bit of cipher text depends on every bit of data and 
ever bit of key.’ It is a block Cipher Algorithm, encodes 
plaintext in 64 bit chunks, One parity bit for each of the 8 bytes 
thus it reduces to56 bits. It is the most used algorithm. DES 
developed by IBM in the early 1970s. Standard approved by 
US National Bureau of Standards for Commercial and 
nonclassified US government use in 1993. DES is an iterated 
block cipher, iterated means multiple repetitions of a simple 
encryption algorithm. DES has 16 rounds. Where Block 
cipher encrypts in fixed-size blocks. DES uses 64-bits blocks. 
At its simplest level, DES is a combination of the two basic 
techniques of cryptography: confusion and diffusion. DES 
follows strict avalanche criteria. Every bit of the key and every 
bit of the plaintext affects every bit of the ciphertext. It has 
same keys for encryption and decryption. 

DES Encrypt and decrypt data in 64 bits blocks and it is 
divided into two 32bits halves xL and xR. It has 16 round. 
Triple DES is same as DES, three key used. 

i.e. for I = 1 to 16 

buf = xR ® K1} here xR is 48 bit 

S-boxes S[1]~-S[8] 

Then go through Permutation. 

xR =xL® result 

we gotnew xLand xR 

then swapped and merged to get ciphertext 


B. BLOWFISH 


Blowfish is a symmetric 64-bit block cipher invented by 
Bruce Schneier; optimized for 32-bit processors with large data 
caches, it is significantly faster than DES on a 
Pentium/PowerPC-class machine. Key lengths can vary from 
32 to 448 bits in length. The plaintext of 64 bits is divided into 
two 32-bit halves xL(LEg)and xR(REp). 

xL=xL @ Pi 

xR = F(xL) ®XOR xR 


Swap xL and xR 

After the sixteenth round, swap xL and xR again to undo the 
last swap. 

Then, xR = xR ® P17 and 

XL = xL @® P18.! 

Finally, recombine xL and xR to get the ciphertext. 


+ 


C. HASH FUNCTION 


Hash functions, also called message digests and one-way 
encryption, are algorithms that, in some sense, use no key 
(Figure 1C). Instead, a fixed-length hash value is computed 
based upon the plaintext that makes it impossible for either the 
contents or length of the plaintext to be recovered. Hash 
algorithms are typically used to provide a digital fingerprint of 
a file's contents, often used to ensure that the file has not been 
altered by an intruder or virus. Hash functions are also 
commonly employed by many opcrating systems to encrypt 
passwords, Hash functions, then, provide a measure of the 
integrity of a file. 


V. PERFORMANCE EVALUATION OF DES, TDES AND 
BLOWFISH 


The program implemented is constructed into three modules. 
The first module is responsible for generating the Secret Keys 
and second module is encryption module that would be 
encrypted the messages. Third module is decryption module 
that would be decrypted the encrypted messages and got 
original message. For that the power full portable language, 
Turbo C is used to develop these modules and implemented on 
Pentium- IV Processor. It may be proposed to implement in 
Java and JCA for better result. 

The result illustrated that the Key generation operation for 
all algorithms is the CPU time spent while performing the 
encryption and decryption operations. It is clear that Blowfish 
algorithm is a fasted algorithm due to mechanism it follows for 
ciphering data. The DES algorithm comes in second place 
followed by the T-DES algorithm. The CPU time for T-DES 
was the highest due to increased complexity incorporated 
within the T-DES. This complexity is needed to address the 
security issues that exist in the DES algorithms. 
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Abstract: In this paper, 1 bit fall adder is built under a new 
hybrid logic (combination of PTL and CMOS logic) style, using 
14 MOSFET. Here we use 6transistor XOR-XNOR circuit to 
implement the full adder. This full adder offers full voltage swing 
at every nodes, higher density and high speed than the 
conventional CMOS design style. TSPICE is the simulator used 
for the simulation and bsim3v32 technology is used with supply 
voltage=ly and 10MHz freq. Dual threshold model file (version 
49) is used to observe the output. 


Keywords: XOR-XNOR, Full Adder, PTL, CMOS. 


L INTRODUCTION 


he one bit Full Adder is one of the most widely used 
Thuilding blocks in all data processing (arithmetic) and DSP 
units. With the growing trend for reducing the power 
dissipation in VLSI systems and especially in portable 
applications, reduction (or scaling) of the power supply 
voltage emerges as one of the most widely practiced measures 
for low power design. At lower supply voltages, I bit full 
adder circuit with low power dissipation, full voltage swing 
and high speed becomes important issues. In this paper, a low 
power and high-speed full adder, based on pass transistor 
logic (PTL) and static CMOS logic style, is proposed for the 
embedded system. 


I. DESIGN IMPLEMENTATION 
The truth table for the full adder circuit is shown in the table, 


Table 1: Truth table of full adder 


t) p) m oe ee 
l t 
8 § 
J l 
0 I 
l l 
0 l 
l ] 





From this truth table we can implement the conventional Full 
Adder circuit , by using CMOS logic style,where 

SUM = (A) XOR (B) XOR (C) 

CARRY =(AB) + (BC) + (CA) 

Hence we have used total 28 MOSFET (14 PMOS and 14 
NMOS) to implement the conventional circuit . Another 
design of Full Adder is based on pass transistor logic (PTL) 
style.The conventional and PTL based design of full adder 
circuit is shown below, 


tad tact Bact Soa tad ta 
" ti -q 
an | =a a 

es § = 

B a a 
-A ~ 2 
A : K 
f- O E chch he H 


40 404g 4 


Fig 1: Conventional Full Adder circuit with 28 MOSFET 





C 
Fig 2: 16 MOSFET Pass transistor logic style 


A more efficient design of Full Adder involves the use of 
CMOS logic and transmission Gate logic.If we observe the 
above truth table carefully , 

then we can write ; 

If (A XNOR B) = 1 then SUM =C and CARRY = B 


To implement Full Adder first we have to implement the 
XNOR function with minimum possible no of transistor. The 
implementation is shown here. 
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B B 
A p' A pP 


Fig 3(a,b): 6-Transistors XOR & XNOR gate 





Fig .3(c): 6 transistor XOR-XNOR (from TSPICE) 


Here we use a 6 transistor XOR-XNOR circuit to implement 
the Adder.[{1]The proposed XOR-XNOR circuit is shown 


above.Hence considering XOR o/p node first, when A=0/1 and * 


B=1/0 then any one of the PMOS(M! or M2 )will be ON to 
pass the logic 1 (Vaa) to the output port. When A=B=!1 the 
both the NMOS(M3 and M4) will be ON to pass the logic 0 
(ground) to the output node. When A = B = 0 , then both 
PMOS(M1] and M2)will be ON to pass logic 0 to the output 
node , As PMOS is unable to pass logic 0 smoothly ,there may 
be small logic degradation in XOR node for the A=B= 0 input 
combination. But in XNOR node , as XOR is inverted ,so we 
will not get any logic degradation . 


Now,to implement SUM we have to use the (1) and (2). [2]If 
(A XNOR B) = I then SUM = C since MI and M2 will 
behave like a buffer and the TG pair (M3 and M4) will pass 
the C to the output node SUM. If (A XNOR B) = I and (A 


XOR B) = 0 then M1 and M2 will behave like an inverter and 
pass the complement of C at the output node SUMLIF (A 
XNOR B) = | and (A XOR B) = 0 then MI and M2 will 
behave like an inverter and pass the complement of C at the 
output node SUM. 


XOF 





Fig. 4: Implementation of the proposed CARRY and SUM 
module _ 


For CARRY circuit we can use the same equation . [2]Hence 
when (A XNOR B) = | and (A XOR B) =0 then MI and M2 
both will be ON to pass the signal from node B to the output 
node CARRY .When (A XNOR B) = 0 and (A XOR B) =! 
then M3 and M4 both will be ON to pass the signal from the 
node C to the output node CARRY . 
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TIL RESULTS and OBSERVATIONS : 
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Fig 5: Output waveform of XOR,XNOR,SUM,CARRY with three voltage sources 
14mog fulladder 
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Fig 6 ; Power dissipation curve with respect to time 
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The measured power-delay table for every bit pattern is also shown here; 


Table 2: Rise time delay and power measurement (sum and carry as o/p) 


ip Rise time delaysMsum} Rise time delay(searry} 9 Pai} with Vdd=1V 


miimi notfourd E 16E-10 
7 L&E-0 notiund 2T8E-10 
O10 RESE-00 LHE- L&E- 10 
011 LE- L52E-09 LéZE-10 
100 9355-08 notirund &.44E-10 
lül LTSE-19 6.92 F 6 2. 74-10 
110 rotfirund O56E-10 Z O1E-10 
1 LBE-W 9,00F-10 0E- 10 


Table 3: Fall time delay and power measurement (sum and carry as o/p) 


|i Falltime dekay(e) rum) Fall tne debay() am) 


Power (watt) with Vdd =1¥ 


000 LITE-09 ~ 1 40E-09 
w1 wife pera 224E-10 
010 LED? 4 H4EO9 163E-10 
O11 6 TED notiound 1.62E-10 
100 LWE-DI 1.0-0 6.43E-10 
101 7 4EO9 LGE- 2.16E-10 
0 L16E-09 notiuni 5.01E-10 
il not fund notiound 250E-10 


IV. CONCLUSION: 
A new full adder circuit was proposed by using 14 
transistor only., that is possible only due to the use of 6T 
XOR-XNOR .Though the device count is very low , yet 
every node offers full voltage swing. Another main 
advantage is very low power dissipation. So the power 
delay product is also very low and of the order of 10% 
Hence the limitation is design time since to implement 6 
transistor XOR-XNOR circuits; we have to use proper 
ratioed MOSFET. Here we use the dual threshold model 
file; we can also use the low threshold model! file to get 


these data. In case of low voltage file the o/p will be more 
improved. 
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Abstract—A statistical-mechanical modeling of digital halftoning 
is proposed. The digital halftoning dealt with here is achieved by 
making use of the threshold mask matrix and for each pixel, the 
halftoned pixel is determined as black (set to one) if the original 
grayscale pixel is greater than the mask valne and is determined 
as white (set to zero) vice versa. Basically, our method is a kind of 
the so-called model-based digital halftoning technique and we use 
the information about the original grayscale image to generate the 
threshold mask. To determine the optimal value of the mask on 
each pixel for a given original grayscale image, we first assume 
that the haman eyes might recognize the black and white binary 
halftoned image as the corresponding grayscale one by a class of 
linear filters. Then, the energy function is constructed as the 
distance between the original and the recognized images which is 
written in terms of the threshold mask. To minimize the energy 
function with respect to each threshold mask value in the dither 
array via simulated annealmg, we obtain the optimal threshold 
mask and the resultant halftoned image simultaneously. We also 
investigate the statistical properties of the threshold mask and the 
halftoned image by means of the power spectrum analysis, 


Key words—Image processing, Model-based digital halftoning 
technique, Statistical mechanics, Computer simulation, Markov 
Chaim Monte Carlo methods, Simulated annealing, Combinatorial 
optimization problem, Power spectrum analysis 


L INTRODUCTION 


N the field of digital image processing, digital half-toning 

which is the process of generating a pattern of pixels with 

limited number of colors, especially which converts a 
grayscale image into the binary black and white picture has 
been widely used in various practical situations in media, such 
as the printing of newspapers , fax machines and so forth 
[1][2]. To achieve the digital halftoning, one needs the 
strategy to arrange the geometrical-combination of the black 
and white pixels so as to make human eyes to have a kind of 
optical illusion. Namely, the digital halftoning relies on the 
fact that the human eyes act as a special low-pass filter. 
Actually, to justify the fact, several authors proposed or 
estimated the so-called the contrast sensitivity function, or the 
modulation transfer function of human visual system. For 
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instance, Analoui and Allebach [3] introduced the contrast 
sensitivity function having the following form: 


H(J,)=k {exp(—2na:f, )-exp(-2nB f, } (D 
where f A denotes frequency and q, f are constants setting to 
0.012 and 0.046, respectively. They set the scale parameter Å 
to satisfy the condition max H(f,)=1- 
Js 
As another model of the human visual system, Mannos and 
Sakrison [4] estimated the function as 
H( f,)=2.6(0.0192+0.114f, Jexp|—(0.114f,) "| - (2) 
We plot the shape of the contrast sensitivity function in FIG.1. 


t 


O2 





40 f, a 80 


FIG... Human-eye modulation transfer function estimated by Mannos 
and Sakrison [4]. 


From this figure, we find that in high-frequency regime, the 
contrast sensitivity function decreases to zero, which means 
that human eyes cannot recognize high-frequency components 
in images. In other words, the halftone algorithm should be 
constructed such that the halftoned binary dots contain 
relatively high-frequency components to describe the original 
grayscale revels. This fact is an important guide for us to 
consider the halftoning algorithms from the view point of 
physiology. Up to now, to achieve the fine quality of the 
digital halftoning, a lot of techniques, for instance, the 
clustered-dot ordered dither method, the threshold mask 
method [1][2] and the blue noise mask method [5], 


—— ee - 
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error-diffusion method [6] and so on have been proposed and 

developed by many researchers. 

On the other hand, to retrieve the original grayscale image 
from the halftoned binary image, the so-called inverse 
halftoning has been also developed especially in printer 
technology. As such an inverse halftoning strategy, not only 
the conventional smoothing filter but also the Bayesian 
inference have been used. However, as well-known, in 
Bayesian inference, we are required to evaluate sums of huge 
number of ingredients as the so-called Boltzmann factors. 
Moreover, it is difficult task for us to determine the best 
possible choice of several parameters, what we, call 
hyper-parameters, appearing in the probabilistic model used 
in the Bayesian inference. 

Recently, we proposed a statistical-mechanical approach to 
analyze the inverse halftoning problem [7]. We introduced a 
theoretical framework based on several statistical-mechanical 
techniques or its concepts in order to investigate statistical 
performance of the inverse digital halftoning. In our recent 
proceedings [8], we also introduced a Markov randomr-fields 
model to represent original grayscale image and constructed the 
inverse halftoning process as a kind of image reconstruction of 
the grayscale image froma given halftoned binary image. Then, 
we evaluated the statistical performance by making use of 
Markov chain Monte Carlo (MCMC) simulations and analysis 
of a solvable Markov random-fields model. Our approach 
enables us to evaluate or approximate the exponential order of 
the sum-calculations effectively or approximately. 

However, to complete the statistical-mechanical formulation 
for the digital halftoning, the halftoning procedure besides the 
inverse halftoning should be also constructed or modeled by 
means of statistical physics. 

In this paper, we propose a Statistical-mechanical modeling of 
the digital halftoning. We first introduce a threshold mask 
matrix with the same size as the original image. Then, each 
pixel of the halftoned image is determined as a black pixel if the 
value of the original grayscale pixel is greater than the 
component of the threshold mask matrix and is determined as a 
white pixel vice versa. Then, we assume that human eyes might 
recognize the original grayscale image by a class of linear filter. 
By taking into account that the distance between the original 
and the recognized images is written in terms of the threshold 
mask, we naturally introduce an energy function to be 
minimized to determine the optimal threshold mask. For a 
demonstration of our method to generate the optimal threshold 
mask, computer simulations of simulated annealing [9][10] is 
carried out. To investigate the statistics of the threshold mask 
image and the halftoned image, we evaluate the power 
spectrum numerically. 

The remainder of this paper is organized as follows. In the next 
section II, we explain our method to generate the optimal 
threshold mask for a given original grayscale image. In this 
section, the energy function is introduced as a function of the 
threshold mask under the assumption that the human eyes 
might recognize the halftoned image as the corresponding 
original grayscale version by a linear filter. In section I, we 
‘solve the combinatorial optimization problem described by the 
energy function by making use of the simulated annealing. We 


show the resultant halftoned image for a standard grayscale 
image lena. We find that our algorithm generates the binary 
dots which induce the illusion o a continuous-tone image. In 
section IV, we investigate the statistics of the threshold mask 
array and the halftoned image. In the last section is summary. 


IL. STATISTICAL-MECHANICAL MODELING 


We first explain our statistical-mechanical modeling of the 
digital halftoning. Let us define the original grayscale image 
located on the square lattice with size Lx L by 


G={g,,€ 01,-,0-1|x,y=1,2,-L} (3) 
, where we defined that each pixel g | takes ọ values. 


Then, we introduce the threshold mask matrix with the same 
size with the above original grayscale image, namely, LX L as 
M={m,,€0,1,--,0-1x, y=12--.L} (4) 
where each component of the threshold matrix m, , also takes 
g values. The half-toned image is defined by 


H={h,,€0,1]x%y=12,--,L} (5) 

and each pixel in the halftone image H is given by 

Vay) Ay =O(8,,—™,,) (6) 

, where the step function @(x) is defined conventionally as 

TEI (x20). 7) 
0 (x<0) 


For this setup of the model system, a pixel of the resulting 
halftoned binary image is set to one if the pixel of the original 


_ grayscale image is greater than or equal to the corresponding 


pixel of the threshold mask; otherwise the pixel ts set to zero. 
Our main problem is now to determine the threshold maskM 
efficiently. For this purpose, we might assume that human eyes 
might retrieve the grayscale image, let us call, the recognized 
image: 
S={s,,€0,1-+,Q—-1|x, y=1,2,--,L} (8) 
from the half-toned image H by making use of the following 
linear filter: 
Vix, y) Ser 7 (K *h).. s ee K(x-i,y-J) h; (9) 
, where N(x, y) denotes the nearest neighboring pixels of a pixel 
located at(x, y), including itself (x, y). Apparently, for our 
two-dimensional square lattice, the number of the ingredients 
is INC, y)| =9. In this paper, we set the kernel function K 
appearing in the convolution product K *h in equation (9) as 
V(iny)  K(Lm)=1 for simplicity. Of course, the other choice 


such as the Gaussian-type: 
K(x-iy-J)= arerp -EF -R (10) 


is possible and as we shall see below, the reconstruction of the 
energy function is straightforward. 

Thus, each pixel in the recognized image calculated by (9) 
represents 10-grayscale levels, that is, 5 =0,1,..9. Taking into 


account this limitation, we first reduce 256-grayscale levels to 
10 and regard the !0-grayscaled image as the G .Therefore, the 
choice of the effective grayscale level can be controlled by 
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choosing the number of the nearest neighboring pixels 
ING yy 

Then, we might choose a strategy to determine the threshold 
mask M that minimizes the distance between the original and 
the recognized images. Namely, we minimize the following 
cost 


|G-S] -$$ (e, TSn y 


We should notice that from the relation (4), the above distance 
Ic -s] is written in terms of the threshold mask M for a given 


(11) 


original image G . By substituting the equation (4) into the 
above equation (11) we obtain the energy of the system as a 
function of the threshold maskM . Thus, our digital halftoning 
is now reduced to a combinatorial optimization problem of the 
following energy function: 


i L - 2 12 
H(MIG)= DY {8.9 Eann K 2-H IM Hle -m (12) 
The above energy function (mjg) is our starting point of 


statistical-mechanical modeling of the digital halftoning. 

As we have the energy function of the system, one can 
generate statistical ensembles according to standard statistical 
mechanics. In its thermal equilibrium, each possible 
microscopic state M obeys the following Gibbs distribution: 


Foam (MIG) = Prey (3) 


One of the simplest uses of the above energy function is to 
regard its minimum energy state as the optimal! threshold mask. 
Namely, the so-called MAP (maximum a posteriori) solution 
Mu =argmin,, H(M|G) (14) 
, which is rewritten in terms of the statistical-mechanical 
terminology as 


M. = lim tnu M. P(MIG) (15) 


, is a possible strategy. Calculating the Q°* sums ,, ç, } and 


taking the zero-temperature limit is performed by important 
sampling of the MCMC method and temperature annealing 
procedure during the Monte Carlo steps. 

The solution might be a good candidate for the suitable 
threshold mask. 

We should comment on the related studies of the model-based 
digital halftoning to our present work. As a direct binary search 
in the space of the halftoned binary dots image, Pappas and 
Neuhoff [11][12][13] introduced the so-called Least-square 
model-based haiftoning that attempt to minimize the following 
energy function (square error): 


E=>(g,,-5,,) (16) 
with 
g..=(weg) =} wo-ky—Da,, (17) 
ki 
Say =(w'*p) , a Dw (x-k, yD Py, (18) 
kJ 


pu =S, (fet hB- ENU- 8, a) where the kernels w, w in 
each convolution product denote the human eye filter and p,, 
corresponds to some printer model. 


The factor f, denotes the number of horizontally and 
vertically neighboring dots that take black, £ means the 
number of diagonally neighboring dots being black, and f} is 


he number of paiis of neighboring dots of black. The 
coefficients q, B,y are all positive constants. They looked for 


the lowest energy state in the space of the binary halftoned 
image H by some heuristics (a kind of iterative procedure). On 
the other hand, by introducing the threshold mask explicitly, we 
look for the optimal threshold mask in the space of the M. 


When we expand the square of the energy function, we have 
two terms and each of them is understood in the literature of 
statistical mechanics of disordered spin system as follows. The 
first one is the random field term _ _, \to 

8512 pit OE gen) 


minimize the total energy on condition that the threshold mask 
value is greater than the original image for all pixels. The 


two-body interactions term Die anann leum Plums) 


decreases the total energy when at least one of two pixels in the 
pairs existing in the region n(x, y) holds the condition that the 

threshold value is smaller than the corresponding original 

grayscale pixel. In our system described by the energy function 

(12), the lowest energy state is determined under the 

competition between these two conflict effects. Moreover, due 
to the quenched variables (what we call disorder) as a given 

original image G besides the competition we mentioned above, 
the lowest energy state in the dynamical variable space of M 

might be highly non-trivial and it means that we can use various 

techniques developed in the field of statistical physics of 
disordered spin systems to obtain the lowest energy state and to 
investigate the lowest energy properties. In the next section, we 
show some demonstrations to make the halftoned image by 
minimizing the energy (12) via simulated annealing [9][10]. 


Tl. NUMERICAL EXPERIMENTS 


In this section, we show some demonstrations to generate the 
optimal threshold mask and the resultant halftoned image for a 
given standard grayscale image. We test our strategy for one of 
the well-known standard images, that is lena shown in FIG.2. 
The size of the image is 400x400 and the grayscale level is 256. 
We first convert the original 256-grayscale image G’ to 
Q(< 256) -grayscale image G by the following transform: 


i 

C(x:Q)= Ş k{o(x-4(k+1))-0(x-1%1)} 
ict) 

and make the quenched variables w(x, y) g =C(g", .10) in this 


(19) 


paper. For this input data, we construct the energy function and 
carry out the calculation of the variable (15) via simulated 
annealing with the annealing schedule B =47+1/3. For the 
solution of the threshold mask, we make the halftoned image 
according to (6). 


In FIG.3, we show the solution of the simulated annealing, 
namely, the optimal threshold mask that minimizes the energy 
function. We also show the halftoned binary dots image in FIG. 
4. The local structure of the binary dots is shown in FIG.5. 
From these pictures, we found that globally the resulting 
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However, from the power spectrum 


P(fo f,) shown in FIG.6, we find that the low-frequency 
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halftoned image looks well, however, locally it contains some 
curious, undesirable clusters of vortex configurations. The 
binary dots image via the error-diffusion method [6]. It might 
be possible to assume that these vortex configurations 
correspond to locally minimum energy state and might be 
disappeared when we obtain the globally minimum solution. 
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components almost disappear and high-frequency components 
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FIG.6. Power spectrum of the resultant binary dots image. 


More convenient spectrum statistics is the so-called radial- 
averaged power spectrum [14] defined by 


P= may, 2, Pet) 


. where R( f,) Means the region of annual rings in the Fourier 


(14) 


space with width A, . 


02 D4 OG 08 
fs 


0 02 D4 06 


F1G.7, Radial-averaged power spectrum of the halftoned image. Inset 
is the same statistics for the threshold mask. 


In FIG.7, we plot the spectrum statistics for both threshold 
mask and resulting binary dots of the halftoned image. Inset of 
FIG. 7 shows the same statistics for the threshold mask image. 
From this figure, we find that the low-frequency components 
are not dominant and relatively high-frequency components are 
larger than the low-frequency counter part. This tendency 
should be welcomed from the view point of human eyes 
modulation as we explained in introduction. 


V. SUMMARY 


In this short paper, we proposed a possibility of modeling for 
digital halftoning. This formalism helps us to understand the 
problem as a combinatorial optimization which is described by 
disordered spin systems. Finding the minimum energy state was 





achieved by simulated annealing and we found that the 
resultant binary dots image looks well. However, in some part 
of the halftoned image, some vortex structures, which are some 
times encountered in the error-diffusion algorithm, appear and 
it might be possible for us to understand the phenomenon by 
considering the structure of the lowest energy states. Statistical 
mechanics might help us to and deal with such kind of 
problems and delete the undesirable local structure. 
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Abstract— In‘ this paper a novel approach for illumination 
normalization for the application of face recognition is proposed. 
The input face images for analysis of the proposed system are 
taken from Yale Face Database B. Our approach for illumination 
normalization utilizes the fact that low-frequency discrete cosine 
transform (DCT) coefficients are correlated with Dlumination 
variations. We have taken the concept of re-scaling to lower 
valne of the low-frequency DCT coefficients. Initially the 
contrast of the images from database is stretched to the full 
range of intensity levels using full image histogram equalization 
method, Then the low-frequency DCT coefficients are re-scaled 
to lower value. After this the adaptive histogram equalization is 
applied on the output of inverse DCT. This results in further 
enhancement of the output image. The results show better 
appearance of images as compared to other existing approaches, 


Key words— Discrete Cosine Transform, face recognition, 
histogram equalization, illumination normalization. 


I. INTRODUCTION 


ACE recognition is one of the most successful 

applications of image analysis and understanding. This has 

received significant attention, because of its wide range of 
commercial and law enforcement applications [1],[2]. Even 
though current machine recognition systems have reached a 
certain level of maturity, their success is limited by the 
conditions imposed by many real applications. For example, 
recognition of face images acquired in an outdoor 
environment with changes in illumination and/or pose remains 
a largely unsolved problem. Ambient lighting changes greatly 
within and between days and among indoor and outdoor 
environments. Due to the 3D structure of the face, a direct 
lighting source can cast strong shadows that accentuate or 
diminish certain facial features. The illumination problem is 
basically the variability of an object’s appearance from one 
image to the next with slight changes in lighting conditions 
and viewpoint. This often results in large changes in the 
object’s appearance [3],[4]. . 
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Early work in illumination invariant face recognition 
focused on image representations that are mostly insensitive to 
changes in illumination. There were approaches in which the 
image representations and distance measures were evaluated 
on a tightly controlled face database that varied the face pose, 
illumination, and expression. The image representations 
include edge maps, 2D Gabor-like filters, first and second 
derivatives of the gray-level image, and the logarithmic 
transformations of the intensity image along with these 
representations. However, none of the image representations 
was found to be sufficient by itself to overcome variations due 
to illumination changes [4]. 

The different approaches to solve the problem of 
illumination variation can be broadly classified into three main 
categories. The first approach is based on “preprocessing and 
normalization”. The representative methods are histogram 
equalization (HE), Gamma correction, logarithm transform, 
etc. for illumination normalization. However, non-uniform 
illumination variation is still difficult to deal with using these 
global processing techniques [5]. In the second approach, the 
systems are exploiting “invariant feature extraction” method. 
A very renowned method for feature extraction is Fisher-face 
(based on linear discriminant analysis (LDA)), which maps the 
image space to a low dimensional subspace to discount 
variation in lighting etc.[6]. This method is a statistical linear 
projection method in which the representativeness of the 
training samples controls the performance of the system. The 
quotient image is regarded as the illumination invariant 
signature image, which can be used for face recognition under 
varying lighting condition [7]. Bootstrap database is required 
for this method and the performance degrades when dominant 
features between the bootstrap set and the test set are 
misaligned. The face modeling methods are under third 
category (3-D Shape of human faces) [5]. Here the attempt is 
to construct a generative 3-D face model that can be used to 
render the face images with different poses and lighting 
conditions. A generative model called illumination cone was 
presented in [8]. The main idea of this method is that the set 
of face images in fixed pose but under different illumination 


Proceeding of International Conference MS’07, India, December 3-5, 2007 


conditions can be represented using an illumination convex 
cone, which can be constructed from a number of images 
acquired under variable lighting conditions and the 
illumination cone can be approximated in a low-dimensional 
linear subspace. 

In this paper, we propose a novel approach that utilizes the 
image enhancement capability of DCT. The full image 
histogram equalization method is applied on the given image 
for contrast stretching. To suppress illumination variations the 
DCT is applied on the resultant image. As the low-frequency 
DCT coefficients correspond to illumination variations, the 
authors propose a new technique to suppress them. The 
method involves the re-scaling of these coefficients. Also to 
achieve further contrast enhancement, the adaptive histogram 
equalization is applied on the output of inverse DCT. The 
results show better appearance of images as compared to other 
existing approaches. 

The reminder of this paper is organized as follows. Section 
H lays out the details of histogram equalization, adaptive 
histogram equalization, and discrete cosine transform. 
Experimental results and discussions are given in Section M. 
Finally, the conclusions are presented in Section IV. 


II. BACKGROUND 


A. Histogram Equalization 
Histogram equalization maps the input image’s intensity 
values so that the histogram of the resulting image will have 
an approximately uniform distribution [9], [10], [11]. 

The histogram of a digital image with gray levels in the 
range [0, L-1] is a discrete function 

plr) = %/n, (1) 

where r; is the k” gray level, m is the number of pixels in the 
image with that gray level, n is the total number of pixels in 
the image, and k =0, 1, 2, ..., L-1. Basically p(r,) gives an 
estimate of the probability of occurrence of gray level rg. 

By histogram equalization, the local contrast of the object 
in the image is increased, especially when the usable data of 
the image is represented by close contrast values. Through this 
adjustment, the intensity can be better distributed on the 
histogram. This allows for areas of lower loca! contrast to gain 
a higher contrast without affecting the global contrast. The 
histogram equalization for a digital image is defined as a 
transformation on the input intensity levels (r) to obtain 
Output intensity levels (s;) as 


k n, 
£ (2) 


k 
=T= 2 ie es n 


j=l 
fork=0,1,2,...,L-1. 


B. Adaptive Histogram Equalization 


In histogram equalization, the goal is to obtain a uniform 
histogram for the output image, so that an “optimal” overall 


contrast is perceived. However, the feature of interest in an 
image might need enhancement locally. Adaptive Histogram 
Equalization (AHE) computes the histogram of a local 
window centered at a given pixel to determine the mapping for 
that pixel, which provides a local contrast enhancement. 
However, the enhancement is so strong that two major 
problems can arise: noise amplification in “flat” regions of the 
image and “ring” artifacts at strong edges [ [12], [13]. 

A generalization of AHE, contrast limiting AHE (CILAHE) 
has more flexibility in choosing the local histogram mapping 
function. By selecting the clipping level of the histogram, 
undesired noise amplification can be reduced [14], [15]. 
CLAHE operates on small regions in the image, called tiles, 
rather than entire image. Each tile’s contrast is enhanced, so 
that the histogram of the output region approximately matches 
the histogram specified by a distribution parameter, 
which may be a uniform or a different shape histogram. The 
neighboring tiles ate then combined using bilinear 
interpolation to eliminate artificially induced boundaries. The 
contrast, especially in homogeneous areas, can be limited to 
avoid amplifying any noise that might be present in the image. 


C. Discrete Cosine Transform 


The DCT is a popular technique in imaging and video 
compression, which transforms signals in the spatial 
representation into a frequency representation. 

The forward 2D-DCT [5],[16] of a Ma N block image is 
defined as 


M-1N-I 
Clu,v) =at) >) Y fy) 
xr) y= 
cos) "Ot Du Joos #2 y+ | (3) 
2M 2N 
The inverse transform is defined as 
M-I N-i 
Fy) = X, Yawawcwy) 
u= ye) 
xeos BOE |od BEY DY (4) 
2M 2N 
where 
l l 
», u=0 . y=0 
au) = m and a(v)= I 
= u =Z M l z: v=L2 e Nl 


and, x and y are spatial coordinates in the image block, and 
u and v are coordinates in the DCT coefficients block. Fig.1 
shows the properties of the DCT coefficients in M x N blocks 
with the zigzag pattem used by JPEG compression to process 
the DCT coefficients. Although the total energy remains the 
same in the M x N blocks, the energy distribution changes with 
most energy being compacted to the low-frequency 
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coefficients. In our approach we have taken the DCT 
coefficients in zigzag pattern as shown in Fig. |. 


AC Coefficients 


DG Coefficient 





Fig.t Block feature of DCT coefficients and their selection 
In zigzag pattern. 


The DC coefficient is represented by C(0,0) in the forward 
2D-DCT equation. As the cosine of zero is one, the equation 
is simplified to: 
1 Moles 
C(0,0) = ——- 
(0,0) =——— Db DS y) (5) 


a=O yO 


The DC coefficient, which is located at the upper left 
comer, holds most of the image energy and represents the 
proportional average of the M x N blocks. The remaining (M 
x N) ~l) coefficients denote the intensity changes among the 
block images and are referred to as AC coefficients. The DCT 
is performed on the entire mage obtained after processing the 
input face images by histogram equalization in our approach. 


Ill. EXPERIMENTAL RESULTS AND DISCUSSIONS 


A. Face Database 


The experiments are carried out on the Yale Face Database 
B which contains 5760 single light source images of 10 
subjects each seen under 576 viewing conditions (9 poses x 64 
illumination conditions) [17]. For every subject in a particular 
pose, an image with ambient (background) illumination was 
also captured. We concentrated on the images with 
illumination variations. Some sample images are given in 
Fig.2. 


B. Histogram Equalization 


After applying histogram equalization on the images of face 
database, the contrast of the processed images is stretched to 
full range of intensity levels. Fig.3(a) shows one of the images 
taken from database and its corresponding histogram is shown 
in Fig.3(c). Fig.3(b) shows the processed image after applying 
histogram equalization on the image of Fig.3(a). The 
histogram of processed image is shown in Fig.3(d). The 
histogram of original image, as shown in Fig.3(b), depicts 
that the probability of occurrence of intensity levels is below 
the mid of gray scale. 


0 100 20 


(£) 
Fig 3 (a) Onginal Image; (b) Image after histogram equalization; {c} 
Histogram of image ın (a); (d) Histogram of image in (b). 





After histogram equalization, we obtain approximately 
uniform intensity distribution and we get a high contrast 
image as shown in Fig.3(b). But it 1s also visible from Fig.3(a) 
and Fig.3(b) that the illumination variations are not affected, 
these remain in the images, although illumination variations 
are shifted to the upward in the gray scale. This problem is 
solved by the method described in the next sub-section. 


C. Illumination Normalization using Re-scaling of Low- 
Frequency DCT Coefficients 


Our approach for illumination normalization utilizes the 
fact that low-frequency DCT coefficients are correlated with 
illumination variations. As mentioned in Fig.l the DCT 
coefficients are selected in zig-zag pattern, if we select DCT 
coefficients from upper diagonal elements of top-left corner of 
Fig.l, the DCT coefficients will be in increasing order of 
frequency (Crex). For the images taken in analysis (Fig.2), the 
total number of DCT coefficients are 385*256 = 98560, out of 
these the coefficients corresponding to low frequencies are 
selected for re-scaling. Fig.4 shows the variation of 
appearance with the number of coefficients selected (Cres). 
The Fig.4 (a) shows the original image, Fig.4(b) corresponds 
to image after histogram equalization only, Fig4(c)-(j) show 
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the effect on illumination with variation of the number of 
DCT coefficients selected. It is evident from the Fig.4, that the 
optimal range of Cp, is between 20 to 54 (Fig.4 (e) to (g)). 
We have taken the lower value of C,... as 20, to increase the 
computational efficiency of the system. 

In the approach given by W. Chen et. al, [5], the low- 
frequency DCT coefficients are discarded. This results in loss 
of some information related with low-frequency DCT 
coefficients, which will be discussed in the next sub-section. 
In the proposed approach, we are dividing the low-frequency 
DCT coefficients by a constant 50. This value is taken by 
considering the ratio of mean in DCT domain of a properly 
illuminated image with that of a badly illuminated image 
(considered the last image of the samples in Fig.2). 





Fig.4 Normalized images with different Cr : (a) original image; 
(b) only histogram equalization, Case = O; (C) Cree = 2; (d) Cre = 9; (6) 
Crac = 20: (f) Cone = 35; (g) Grae = 54; h) Coa = 77; (i) Cree = 104; G) 

Cren = 135. 


D. Adaptive Histogram Equalization 

After illumination normalization using re-scaling of low- 
frequency DCT Coefficients, the adaptive histogram 
equalization is applied. As for optimal result, we divide the 
first 20 low-frequency DCT coefficients by a constant (50 as 
explained in the previous subsection), when we apply the 
inverse DCT, the contrast of the image obtained is lower. To 
overcome this problem, after applying inverse DCT, we apply 
adaptive histogram equalization on the output of inverse DCT. 
This results in further contrast enhancement of the output 
image. The numbers of tiles is used 4 x 4 block for adaptive 
histogram equalization and we have taken flat histogram shape 
for the image tiles with contrast limiting to reduce noise 
amplification. 

Fig.S shows the images after applying the proposed 
approach on the images of Fig.2 after applying histogram 
equalization. We have taken the concept of re-scaling to lower 
value of the low-frequency DCT coefficients, which is done 
by dividing these coefficients by the constant discussed above. 
Because the illumination variations are directly related with 
the low-frequency DCT coefficients. But there are some facial 
features which correspond to the low-frequency DCT 
coefficients, so we can not completely discard them (as done 
by W. Chen et. al, [5]). That is why we re-seale these 
coefficients and better results are obtained as evident in Fig.6. 


E. Comparison with other approach 


In Fig.6 the comparative study of the approach given by W. 
Chen et. al., [5] is done with the proposed approach. The Fig 
6(a) shows the original images with illumination variation. 
The result of discarding first 20 low-frequency DCT 
coefficients for respective input images are shown in Fig.6(b). 
The fading effect of images in Fig.6(b) is also visible. The 
Fig.6(c) shows the output of applying the proposed approach 
for respective input images taken in Fig.6(a). It is evident from 
these figures that the performance of the proposed approach is 
quite better for different illumination variation. Another 
advantage of our approach is that for different illuminated 
images, the same approach is applicable and comparable 
results even in different illumination are obtained. 


IV. CONCLUSIONS 


In this paper, we propose a novel approach for illumination 
normalization. The input image contrast is stretched using full 
image histogram equalization. The low-frequency DCT 
coefficients are re-scaled to suppress the illumination 
variations. The appearance of output images of the proposed 
approach compared to that of the other approaches ts better. 
Hence the proposed technique can be implemented in real 
time face recognition system, The present research shows that 
the effect of shadowing is not eliminated. In our future work 
we will focus on the eclimination/reduction of shadowing 
effect. 
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Abstract— People in computer vision and pattern recognition 
have been working on automatic recognition of human faces for 
the last two decades. Our approach to the face recognition 
problem is to combine the principal component analysis and 
neural networks based on cascaded correlation algorithm. Here 
the faces are vertically oriented frontal view and also slanting 
with wide expression change. The gabor features are extracted 
from the images. It will eliminate background influence as much 
as possible. The face space is described by a set of eigenfaces. 
Each face is efficiently represented by its projection onto the 
space expanded by the eigenfaces and has a new descriptor. 
Neural networks fail to use knowledge in new learning because 
they begin learning from initially random connection weights. 
Here, we examine a connectionist algorithm that uses its existing 
knowledge to learn new problems. Cascaded Correlation Neural 
networks are used to recognize the face through learning correct 
classification of these new descriptors. A real-time system has 
been created which combines the face detection and recognition 
techniques. A recognition rate of more than 85% has been 
achieved over real tests. It is also shown that our face database 
can be easily. expanded to accommodate more individuals. 


Key words—- Face detection, Pattern recognition, Computer 
vision, Artificial Neural Networks, Machine learning. 


I, INTRODUCTION 


ip this paper, we present a neural network-based algorithm to 
detect rotation invariant, frontal views of faces in gray-scale 
images. The algorithm works by applying one or more neural 
networks directly to portions of the input image, and 
arbitrating their results. Each network is trained to output the 
presence or absence of a face. The algorithms and training 
methods are designed to be general, with little customization 
for faces. Many face detection researchers have used the idea 
that facial images can be characterized directly in terms of 
pixel intensities. These images can be characterized by 
probabilistic models of the set of face images [2], or implicitly 
by neural networks or other mechanisms [3]. The parameters 
for these models are adjusted either automatically from 
example images (as in our work) or by hand. A few authors 
have taken the approach of extracting features and applying 
either manually or automatically generated rules for evaluating 
these features [1]. In our observations of face detector 
demonstrations, we have found that users expect faces to be 
detected at any angle. Training a neural network for the face 
detection task is challenging because of the difficulty in 


characterizing prototypical “nonface” images. Unlike face 
recognition, in which the classes to be discriminated are 
different faces, the two classes to be discriminated in face 
detection are “images containing faces” and “images not 
containing faces”. It is easy to get a representative sample of 
images which contain faces, but much harder to get a 
representative sample of those which do not. We avoid the 
problem of using a huge training set for nonfaces by 
selectively adding images to the training set as training 
progresses [3]. 

Unlike similar previous systems [8, 9, 10] which could only 
detect upright, frontal faces, this system efficiently detects 
frontal faces which can be arbitrarily rotated within the image 
plane. Our system directly analyzes image intensities using 
neural networks, whose parameters are learned automatically 
from training examples. There are many ways to use neural 
networks for rotated-face detection. The simplest would be to 
employ one of the existing frontal, upright, face detection 
systems, 


I. ALGORITHM 


The overall algorithm for the proposed approach is given in 
Figure 1. Initially, a pyramid of images is generated from the 
original image. Each 140x140 pixel window of each level of 
the pyramid then goes through several processing steps. First, 
the window is preprocessed using histogram equalization, and 
given to the orientation network. The rotation angle retumed 
by the network is then used to rotate the window with the 
potential face to an upright position. Finally, the derotated 
window is preprocessed and passed to Identifier network, 
which decide whether or not the window contains a face. The 
system as presented so far could easily signal that there are 
two faces of very different orientations located at adjacent 
pixel locations in the image. To counter such anomalies, and 
to reinforce correct detections, some arbitration heuristics are 
employed. The design of the orientation and identifier 
networks and the arbitration scheme are presented in the 
following-subsections. 


A. The Orientation Network 


The first step in processing a window of the input image is 
to apply the orientation network. This network assumes that its 
input window contains a face, and is trained to estimate its 
orientation. The inputs to the network are the intensity values 
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Figure 1: Overview of the Algorithm 

in a 140x140 pixel window of the image. The output angle 
of rotation is represented by an array and affine transformation 
is used to rotate the image. Examples of the training data are 
given in Figure 2. The training examples are generated from a 
set of manually labeled example images ASRA 75 faces. 





Figure 2: Training Pattern'for the Orientation Network 


The architecture for the orientation network consists of 
three layers, an input layer of 2 units, a hidden layer of 70 
units, and an output layer of single unit. Each unit uses a 
hyperbolic tangent activation function, and the network is 
trained using the standard error back propagation algorithm. 


B. The Identifier Network 


After the orientation network has been applied to a window 
of the input, the window is derotated to make any face that 
may be present upright. The remaining task is to decide 
whether or not the window contains an upright face. The 
resampled image, 140x140 pixels, is’ preprocessed in two 
steps. First, we resize the image in window of size 18x27. 
Second, histogram equalization is performed, which expands 


_ the range of intensities in the window. The preprocessed 


window is then given to the identifier network. The identifier 
network is trained to produce an output of +1 if a face is 
present and -I otherwise. 

Training a neural network for the face detection task is 
challenging because of the difficulty in characterizing 


prototypical “non-face” images. The two classes to be 
discriminated in face detection are “images containing faces” 
and “images not containing faces”. It is easy to get a 


‘representative sample of images which contain faces, but 


much harder to get a representative sample of those which do 
not. The features of the image are a face vector field using 
Gabor filters [5]. The features are also extracted for the 
images by flipping and also to the mirror of the image. 

The steps followed for training the identifier network are 
outlined as follows 

i. Create an initial set of non-face images by generating 1000 
random images. 

2. Train the neural network to produce an output of +1 for the 
face examples, and ~l for the nonface examples. In the first 
iteration, the network’s weights are initialized random. After 
the first iteration, we use the weights computed by a in 
the previous iteration as the starting point. 

3. Run the system on an image of scenery which contains no 
faces. Collect sub images in which the network incorrectly 
identifies a face. 

The architecture for the identifier fietwoik consists of three 
layers, an input layer of 2160 units, a hidden layer of 100 
units, and an output layer of single unit. Each unit uses a 
hyperbolic tangent activation function, and the network is 
trained using the cascade correlation algorithm. 


C. The Cascade Correlation Algorithm 


Initial configuration: 

The algorithm begins with a simple perceptron with 
N input units [9] and M output units. N and M are chosen on 
the basis of the problem that the network is to learn as shown 
in Fig.3. 

The perceptron is trained on the entire training set 
{(Vp,Tp) | p= 1,..., P }, until the performance of the 
network is as good as possible. If the desired performance is 
obtained, the algorithm stops. Otherwise: Start adding hidden 
units to the network, one by one. 

Training of candidates: A pool of candidates for a new 
hidden unit is generated. This pool emulates a stochastic 
search in the weight space, which will decrease the risk of 
inserting a candidate stranded in a local minimum with high 
error. Each node in the pool of candidates is connected to all 
input nodes and all previously inserted hidden units. Each of 
the candidates is trained with the purpose of maximizing some 
measure of "goodness” of the candidate. 

Inserting a new hidden. unit: The candidate with the highest 
score is inserted “for real” in the network as a new hidden 
unit. The incoming weights to the new hidden unit are then 
frozen, i.e. they are not to be changed anymore. The new 
hidden unit is connected to all output nodes with random 
weights. 

Retraining the network: 

All the incoming weights to the output units are 
retrained in order to adjust the weights from the newly 
inserted hidden unit. If the performance of the network is 
satisfying after retraining, the algorithm stops. Otherwise: Go 
to 3. 
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Cascade Correlation Neural Network Architecture 

A cascade correlation network consists of input units, 
hidden units, and output units [11]. Input units are connected 
directly to output units with adjustable weighted connections. 
Connections from inputs to a hidden unit are trained when the 
hidden unit is added to the net and are then frozen. 
Connections from the hidden units to the output units are 
adjustable consequently. 


fossa! State 


+l 


Adil halden umt | 


+l 





Fig. 3. The Cascade architecture, initial state and after adding 
two hidden units. 


Cascade correlation network starts with a minimal 
topology, consisting only of the required input and output 
units (and a bias input that is always equals to 1). This net is 
trained until no further improvement is obtained. The error for 
each output until is then computed (summed over all training 
patterns). Next, one hidden unit is added to the net in a two- 
step process. During the first step, a candidate unit is 
connected to each of the input units, but is not connected to 
the output units. The weights on the connections from the 
input units to the candidate unit are adjusted to maximize the 
correlation between the candidate’s output and the residual 
error at the output units. The residual error is the difference 
between the target and the computed output, multiplied by the 
derivative of the output unit’s activation function, i.e., the 
quantity that would be propagated back from the output units 
in the back propagation algorithm. When this training is 
completed, the weights are frozen and the candidate unit 
becomes a hidden unit in the net. The second step in which the 
new unit is added to the net now begins. The new hidden unit 
is then connected to the output units, and the weights on the 
connections being adjustable. Now all connections to the 
output units are trained. (Here the connections from the input 
units are trained again, and the new connections from the 
hidden unit are trained for the first time.) A second hidden 
unit is then added using the same process. However, this unit 
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receives an input signal from the both input units and the 
previous hidden unit. All weights on these connections are 
adjusted and then frozen. The connections to the output units 
are then established and trained. The process of adding a new 
unit, training its weights from the input units and the 
previously added hidden units, and then freezing the weights, 
followed by training all connections to the output units, is 
continued until the error reaches an acceptable level or the 
maximum number of epochs (or hidden units) is reached. 

The purpose of inserting a new unit is to reduce the 
total error of the network. The way the CCA does this is to 
train the candidate unit so the correlation between the residual 
error and the output from the candidate is maximized. Let X 
and Y be two stochastic variables. 

Then the correlation between X and Y is defined as: 


CoyXx,Y] 
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Corr X,Y]= 


HL KLT FOR FACE RECOGNITION 


Karhunen—Loeve Transform based dimensionality reduction 
for face images was first proposed by Sirovich and Kirby [6, 
7]. Mathematically, the eigenface method tries to represent a 
face image as a linear combination of orthonormal vectors, 
called eigenfaces. These eigenfaces are obtained by finding 
the eigenvectors of the covariance matrix of the training face 
image set. Let I1, 12, B,...Ik be a set of k face images, each 
ordered lexicographically. 

The eigenvectors of the matrix 


—~ V* 777 
C=) LL, m 


that correspond to the largest eigenvalues span a linear 
subspace that can reconstruct the face images with minimum 
reconstruction error in the least squares sense. This L=- 
dimensional subspace is called the face space. Assuming is a 
lexicographically ordered face image and is the matrix that 
contains the eigenfaces as its columns, we can write 


x= gate, n 
where a is the feature vector that represents the face, and ex is 
the subspace representation error for the face image. As a 
larger training data set is used and the dimensionality of the 
face space is increased, the representation error gets smaller. 


Letting 


(3) 
be the feature vector, and 


=p Grrr] 


be the matrix where are the eigenface vectors, is computed as 
follows: 


es (5) 
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IV. EXPERIMENTS 


We assessed the feasibility and performance of our novel 
algorithm on the face recognition task, using a real data set. 
Specifically we used 75 frontal face images, which were 
acquired under variable illumination and facial expressions. 
The database used for evaluating face recognition algorithms 
displays diversity across gender, ethnicity, and age. The image 
sets were acquired without any restrictions imposed on facial 
expression and with at least two frontal images shot at 
different times during the same photo session. First, the 
centers of the eyes of an image are manually detected, then 
rotation and scaling transformations align the centers of the 
eyes to predefined locations. Finally, the face image is 
cropped to the size of 18*27 to extract the facial region, which 
is further normalized to zero mean and unit variance. The 
corresponding dominant eigen vectors and eigen faces are 
estimated and using this the face is recognized using 
Euclidean distance classifier. Figure 4 shows an example of 
the recognition of a rotated face. 








Figure 4: Recognition example from the mixed image. 


A. Upright Detection Accuracy 


To check the capability, detecting rotated faces has not come 
at the expense of accuracy in detecting upright faces. In Table 
l we present the result of applying the original identifier 
networks only and recognition using PCA. As expected, this 
system does well on the upright test set, but has a poor 
detection rate on the rotated test set. 


Upright test set Rotated test set 


Table:1 











B. Proposed Approach Detection Accuracy 

To check the capability, rotated and upright faces are applied 
with both the orientation and identifier networks. In Table 2 
we present the result of applying the total image set and 
recognition using PCA. This system does well on the upright 
test set, and on the rotated test set. 


Table:2 


[oor 


V. CONCLUSION 


Face recognition has been an attractive field of 
research for both neuroscientists and computer vision 
scientists. Humans are able to identify reliably a large 
number of faces and neuroscientists are interested in 
understanding the perceptual and cognitive mechanisms at 
the base of the face recognition process. In this paper we 
have designed a feature based pose estimation system and face 
recognition system using 2D gabor wavelets as local feature 
information, The system is able to detect 87.3% of faces over 
two large test sets, with a small number of false positives, The 
technique is applicable to other template-based object 
detection schemes. 
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Abstract-—~An artificial neural network (ANN), often just called a 
“neural network" (NN), is a group of artificial neurons that are 
interconnected and use a mathematical model or computational 
model for information processing based on a connectionist 
approach to computation. In order to train a neural network to 
perform some task, each neuron is assigned a weight. This weight 
is adjusted in such a way that the error between the desired 
output and the actual output is’reduced. This process requires 
that the neural network computes the error derivative of the 
weights. In other words, it must calculate how the error changes 
as each weight is increased or decreased slightly. The back 
propagation algorithm can be used to tune the weights associated 
with each neuron. The back propagation algorithm is used in 
various applications for determining the weights to train the 
neural network. One of the applications of this methodology fs 
face recognition. Face Recognition involves mapping the face of a 
person to the identity of that person. It is commonly used in 
applications such as human-machine interfaces and automatic 
access control systems. It involves comparing an image with a 
database of stored faces in order to identify the individual in that 
input image. The related task of face detection has direct 
relevance to face recognition because images must be analyzed 
and faces identified, before they can be recognized. ANN is 
known to be very effective in pattern recognition applications 
due to their high reliability. . 

We shall be creating a neural network package for face 
recognition, which can match the images to the identity of a 
single person. It gives us methods and functions for image access, 
the basic back-propagation functions and utilities for viewing the 
changes in the percentage correctness and error of the training 
and test sets. The base for our research is the package developed 
by Dr. Tom Mitchell which identifies the images to a single 
person’s name “Glickman”. The package has been enhanced to 
identify images of 20 persons in Dr. Tom Mitchell’s database. In 
Dr. Tom Mitchell’s database the images are present in the .pgm 
format with a resolution of 32 X 30 with slight variation in pose, 
face expression, lighting, whether the person sports sunglasses or 
not etc. 

Keywords—-Back Propagation, 
Descent, Neural Networks. 


Face Recognition, Gradient 


I. INTRODUCTION 


Ta purpose of the research is to study and implement 


face recognition using neural networks. The problem is as 
follows: 

Face recognition involves identifying the identity of the 
person in accordance to the input image (person’s face). We 
have used the back propagation algorithm to train the neural 
network to identify the image and map it to its identity. Back 
Propagation is a very popular ANN learning algorithm. It is 
simple to implement, faster than many other "general" 
approaches, well-tested, and easy to mold into very specific 
and efficient algorithms [2]. It is a gradient descent algorithm, 
which learns the weights of the multilayer network. The 
gradient descent is employed to minimize the error between 
the network output values and the target output values for 
these outputs. A Back Propagation network learns by example. 
We give the algorithm examples of what we want the network 
to do and it changes the network’s weights so that, when 
training is finished, it will give us the required output for a 
particular input. Back Propagation networks [1] are ideal for 
simple Pattern Recognition and Mapping Tasks. 

The number of input nodes in the neural network depends 
upon the resolution of the image being given as the input to 
the network. The images in the database have been divided 
into two sets, the training set that will train the network for 
identification and test sets that are used for testing of the 
trained network. 

The network used is a three layered fully connected feed 
forward Neural Network which uses Back Propagation for 
tuning the weights. The number of input nodes is 960. The 
number of hidden nodes has been decided by varying the 
number of nodes as 4, 5, 8, 10, 15 and 20 and testing the 
performance of the network. The number of output nodes is 
20 as images of 20 persons need to be recognized. 
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We tested for optimal number of hidden nodes, learning 
rate and number of epochs. The system has been tested 
extensively by varying every parameter used in the training 
process, 

A number of Neural Network types have been developed 
over the years. Neural Nets are: given many different names 
such as Artificial Neural Networks (ANNs), Connectionism or 
Connectionist Models, Multi-layer Percpetrons (MLPs) and 
Parallel Distributed Processing (PDP). Despite all the different 
terms and different types, there is a small group of networks 
which are widely used and on which many others are based. 
These are: Back Propagation, Hopfield Networks, Competitive 
Networks and networks using Spiky Neurons. We shall 
discuss the back propagation network in detail. 

Back propagation is a supervised learning technique used 
for training artificial neural networks. It was first described by 
Paul Werbos in 1974, and further developed by David E. 
Rumelhart, Geoffrey E. Hinton and Ronald J. Williams in 
1986. 

In a single-layer network, each neuron adjusts its weights 
_ according to what output was expected of it, and the output 
the network has given. This is mathematically expressed by 
the Perceptron Delta Rule: 


Aw; = X;ð 


where 6 = (desired output) — (actual output) 


Where w is the array of weights, x is the array of inputs. The 
Perceptron Learning Rule is of no use though when we extend 
the network to multiple layers to account for non-linearly 
separable problems. When adjusting a weight in the network, 
we have to be able to tell what effect this will have on the 
overall effect of the network. To do this, we have to look at 
the derivative of the error function with respect to that weight. 
The function used with the back-propagation nets is the 
Sigmoid (logistic) function. The equation and the graph for it 
are shown below. 





ee 2 0 2 4 
Fig. | Graph of Sigmoid Function 


In the above graph the function plateaus out at O and | on the 
y-axis, and it also crosses the y-axis at 0.5, It differentiates to 
f'(x) = x(1-x). Therefore now the value of delta is given as 
follows: 


Aw, = nx, 


where ô; = f' (net,)(d; — yi) 


w, x are as above, and n is defined as the learning rate. y; and 
dı are the actual and desired outputs, respectively. Using the 
Sigmoid activation function, we can rewrite the equation for 
calculating the deltas for the output layer as follows: 

6, = yU- yha- y) 
We now need to calculate delta for the hidden layers. We have 
to know the effect on the output of the neuron if a weight is to 
change. Therefore, we need to know the derivative of the error 
with respect to that weight. For the neuron q in hidden layer p, 
delta is: 


ô (q) a x(q) [1 2 ODA Wat (q, 1) 641i) 


Each delta value for hidden layers requires that the delta 
value for the layer after it be calculated. In a 3-layer network, 
the output-layer delta is first calculated using the delta 
formula: 


Si = y - yd — ya) 
This value is then used to calculate the delta value for all 
remaining hidden layers using the formula: 


8C) = xp(@It— xp QI] > W114 Döp 


Hence the name ‘back-propagation' has been given as the 
error from the output layer is slowly propagated backwards 
through the network and hence is known as back-propagation 
network. 


Il. PACKAGE DETAILS 


The package includes the various files each performing a 
specific functionality. 

pemimage.c, pgmimage.h: The image package supports 
reading and writing of .pgm image files and access to the pixel 
values. An IMAGE data structure is used to define the name 
of the image, number of rows and columns and the pixel 
values of the image and an IMAGELIST data structure that 
defines the number of images in the list and the names of the 
images. : 
backprop.c, backprop.h: The Neural Network package. 
These files provide routines for allocating memory, training by 
calculating the error and adjusting the weights of the network. 
imagenet.c: This file contains the function for loading images 
into the input nodes of the network, and setting up the target 
vectors by using the function load_target O for training, where 
the required output for each network is written. For every 
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output the target varies and the output units change. If the 
image name and the image of the person match, then the target 
unit is set to HIGH, otherwise it is set to LOW. 

facetrain.c: This is the main program, which uses all the 
above files to implement the recognizer. There is a 
performance evaluation module that evaluates the 
performance of the network for every epoch to find the 
percentage correctness of recognition. 

constants.h: The config file called constants.h is used to 
configure the system and also vary various parameters like 
learning rate, number of hidden and output nodes. 


IM. RESULTS AND CONCLUSIONS 


The following variations have been made in the database to 
find the percentage correctness of training and testing the 
network: Variation in number of hidden nodes (4, 8, 10, 15, 
20) with different training cycles or epochs such as 50, 100, 
150, 200 and 500. Variation in the learning rate with different 
training cycles or epochs. 


Number of | Number of 
Epochs Hidden 
Nodes 
Training Set 


Table 1: Percentage correctness with variation in the number 
of hidden nodes and number of epochs as 50. 
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Graph 1: Percentage correctness with variation in the number 
of hidden nodes with 50 epochs. 
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Table 2: Percentage correctness with variation in the number 
of hidden nodes and number of epochs as 100. 
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Graph 2: Percentage correctness with variation in the number 


of hidden nodes with 100 epochs. 
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Table 3: Percentage correctness with variation in the number 
of hidden nodes and number of epochs as 200. 
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Graph 3: Percentage correctness with variation in the number 


of hidden nodes with 200 epochs. 











Table 4: Percentage correctness with variation in n the number 
of hidden nodes and number of epochs as 500. 
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Graph 4: Percentage correctness with variation in the number 
of hidden nodes with 500 epochs. 





Table 5: Percentage correctness with variation in — are 
of epochs and the learning rate as 0.3. 





Graph 5: Percentage correctness with variation in the number 
of epochs with 0.3 as the learnin 





Table 6: Percentage correctness with variation in the number 
of epochs and the learning rate as 0.5. 
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Graph 6: Percentage correctness with variation in the number 
of epochs with 0.5 as the learning rate. 
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Table 9: Error on the training set, test set | and test set 2 with 


Table 7: Percentage correctness with variation in the Sees variation in the number of epochs. 


of epochs and the learning rate as 0.7. 
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of epochs with 0.7 as the learning rate. Graph 9: Error on the training set, test set 1 and test set 2 with 


variation in the number of epochs. 


IV. CONCLUSION 


The designed Neural Network trained using Back Propagation 
algorithm behaves the best with the following parameters 
Learning Rate: 0.5, Number of Hidden Nodes: 10, Number of 
Epochs: 100. The accuracy of the network decreases with 
decrease in the number of hidden nodes. The accuracy of the 
network stabilizes after a certain increase in the number of 
hidden nodes. The total error of the network decreases with 
epochs. the increase in the number of epochs. In future we are trying 
to get more optimized results of the said problem using Fuzzy 
Neural Network in finding the defects in fabrics. 
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' Abstract Eigenspace-based face recognition technique has an 
advantage that faces are normally upright and thus may be 
described by a small set of 2-D characteristics views. In this 
paper, an approach to detect and identification of human faces 
which is real time face recognition system is developed with 
Graphical User Interface (GUI). This approach takes a snap of a 
person from the camera and store at a predefined place, which is 


treated as a two-dimensional (2-D) recognition problem. Face ` 


images are then projected on the feature space that encodes the 
variation among the known face images. The feature space here 
is defined the elgenfaces which are eigenvectors of the set of 
faces, they do not necessarily correspond to isolated features. The 
- ` GUI developed is user friendly and recognizes the image in the 
unsupervised manner, , 


Key words—Eligenfaces, Euclidean Distance, Face Recognition, 
Principal component Analysis (PCA) 


I, INTRODUCTION 


Fe identification is one of the most remarkable abilities 


of the human brain. The human brain has immense capacity to 
store millions of images and to identify and recognize them on 
the basis of distinct patterns. One can recognize and 
distinguish thousands of different faces despite distortions 
brought about by varying facial expressions, intensity levels, 
ageing, spectacles and changes in facial features like growing 
of moustache etc. 

A computerized face recognition system is a step towards 
machine implementation of this extraordinary power of the 
human brain. It may be used in several applications like 
security systems, criminal identification systems etc. to save a 
lot of time. It could take hours to scan through the entire data 
and chances of human error also arise with growing numbers, 
Best example can be the one in which a face can be isolated 
among thousands of faces and information relafed to the 
concerned person can be obtained within seconds with the 
help of this software. 

Unfortunately, developing a computational model of face 
recognition is quite difficult because faces are complex, 
-multidimensional and meaningful visual stimuli. The scheme 


presented is based on an information theory approach that 
decomposes face images into a small set of characteristics 
feature images called “eigenfaces”, because they are the 
eigenvectors (principal components) of the set of faces [1]. 


If. FACE RECOGNITION SYSTEM 


Face recognition is a pattern recognition task performed 
specially on faces. It can be described as classifying a face 
either “known” or “unknown” after comparing it with stored 
known individuals. It is also desirable to have a system that 
has the ability of learning to recognize unknown faces. Any 
face processing system is detecting the locations in images 
where faces are present. However, face detection from a single 
image is a challenging task because of variability in scale, 
location, orientation (up-right, rotated) and pose (frontal, 
profile). Facial expression, occlusion, and lighting conditions 
also change the overall appearance of faces. 


A. Outline of a Face Recognition System 


This outline heavily carries the characteristics of a Face 
recognition System. There are six main functional blocks, 
whose responsibilities are given below, 

The acquisition module is the entry point of the face 
recognition process. It is the module where the face image 
under consideration is presented to the system. In other words, 
the user is asked to present a face image to the face 
recognition system in this module. An acquisition module can 
request a face image from several different environments. 

In the pre-processing module face images are normalized and 
if desired, they are enhanced to improve the recognition 
performance of the system. Some or al! of the following pre- 
processing steps may be implemented in a face recognition 
system discussed below. 

The purpose of image normalization is usually to bring the 
image or other type of signal, into a range that is more familiar 
or normal to the senses. Normalization is a linear process. 
Image size resizing is usually done to change the acquired 
image size to a default image size such as 256 x 256, on which 
the face recognition system operates. This is mostly 
encountered in systems where face images are treated as a 
whole. Gaussian filtering is used for noisy images especially 
obtained from a camera or from a frame grabber, Gaussian 
filtering can clean the image without loosing information. 
Histogram equalization is usually done on too dark or too 
bright images in order to enhance image quality and to 
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improve face recognition performance. It modifies the 
dynamic range of the image and as a result, some important 
facial features become more apparent. 

Face Image 


Feature vector 





Classcfied as ‘known’ or ‘unknown’ 


Fig. 1. Typical Face Recognition System 


After performing some pre-processing, the normalized face 
image is presented to the feature extraction module in order to 
find the key features that are going to be used for 
classification. In the classification module, with the help of a 
pattern classifier, extracted features of the face image is 
compared with the ones stored in a face library (or face 
database). After doing this comparison, face image is 
Classified as either known or unknown. 

Training sets are used during the "learning phase” of the face 
recognition process. The feature extraction and the 
classification modules adjust their parameters in order to 
achieve optimum recognition performance by making use of 
training sets. 

After being classified as “unknown", face images can be 
added to a library (or to a database) with their feature vectors 
for later comparisons. 


M. EIGENFACES 


It is a powerful yet simple technique for face recognition 
employing the Principal component analysis (PCA) approach. 
The old techniques focused on particular features of the face 
[2]. Thus the information used was limited. In the eigenfaces 
method much more information is used by classifying the 
faces based on general facial patterns. Hence the whole face is 
analyzed in totality. Because of the use of greater information, 
the eigenfaces approach is more effective than the feature 
based approach. 

The main idea for the use of PCA for face recognition is to 
express the large 1D vector of pixels constructed from 2D 
facial images with the help of compact principal components 
of the feature space. This is called eigenspace projection. 
Eigenspace is calculated by identifying the eigenvectors of the 
covariance matrix derived from a set of facial images or 
vectors [1], [3]. PCA is applicable to face recognition because 
face images are very similar to each other (relative to images 
of non faces). 


In the PCA approach, if the database consists of M images, of 
N by N matrix each, then the covariance matrix of the images 


will give N? eigenvectors and eigenvalues as the covariance 
matrix C has dimensions N? by N^. However since the number 
of data points in the image space is less than the dimension of 
space (M< N°), so instead of solving for the N°— dimensional 
eigenvectors one can solve for M non-trivial eigenvectors by 
finding the eigenvectors of a different M by M matrix and 
then performing necessary transformations [4],[5]. These 
eigenvectors are known as eigenfaces. The pictures in the 
database as well as the input picture can be expressed as a 
weighted sum of these eigenfaces (or principal components). 
However different pictures will have the eigenfaces in 
different weights or different propartions. E:genfaces 
represent the characteristic features of faces which may or may 
not be present in the face image, may be present to a smaller 
extent, in which case the weight of that particular eigenface 
will be very small in that face image. If the feature is present 
to a higher degree then the corresponding weight of that 
particular eigenface will be large. Thus the weights are a 
measure of the degree to which a particular feature is present 
in the face image. 

One may further reduce the number of eigenfaces being 
considered to a smaller value My by considering only the 
eigenvectors corresponding to the highest My eigenvalues. The 
eigenvectors with the highest eigenvalues represent the most 
variance in the face space. In this case the weighted sum of the 
Mo eigenfaces will only be an approximation of the original 
image. However by choosing the most important eigenvectors 
One can increase the accuracy of this approximation. With 
very large databases, omission of less important eigenfaces 
becomes important in order to conserve computational 
resources. Also the eigenfaces are all orthonormal. It is not 
only possible to extract a face given eigenfaces and 
corresponding weights but one can also extract the weights 
corresponding to the eigenfaces and a particular face image. 
One established fact is that similar pictures will have similar 
features to similar degrees. This means that the picture of the 
same person will have similar weights corresponding to each 
eigenface. An eigenvector of a matrix 1s a vector such that, if 
multiplied with the matrix, the result is always an integer 
multiple of that vector. This integer value is the corresponding 
eigenvalue of the eigenvector. This relationship can be 
described by the equation M x u = A x u, where u is an 
eigenvector of the matrix M and d is the corresponding 
eigenvalue. Eigenvectors possess following properties as they 
can be determined only for square matrices, there are n 
eigenvectors (and corresponding eigenvalues) in a n by n 


matrix., all eigenvectors are orthogonal each other. 


IV. OVERVIEW OF THE ALGORITHM 


The algorithm for the facial recognition using eigenfaces 
involves the following procedures. Firstly, the original images 
of the training set are transformed into a set of eigenfaces E. 
Afterwards, the weights are calculated for each image of the 
training set and stored in the set W. Then on getting an 
unknown image X, the weights are calculated for that 
particular image and stored in the vector Wx. Afterwards, Wx 
is compared with the weights of images .One way to do it 
would be to regard each weight vector as a point in space and 
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calculate an average distance D between the weight vectors W 
and the weight vector of the unknown image Wx (the 
Euclidean distance). If this average distance exceeds some 
threshold value then the weight vector of the unknown image 
Wx lies too "far apart” from the weights of the faces. In this 
case, the unknown X is considered to be not a face. Otherwise 
(if X is actually a face), its weight vector Wx is stored for later 
classification. The optimal threshold value has to be 
determined empirically. 


A. Calculation of eigenfaces with PCA 
In this section, the original scheme for determination of the 
eigenfaces using PCA will be presented. 


Step 1: Prepare the database 


In thts step, the faces constituting the training set (1) should 
be prepared for processing. Training set is given in Fig. 2, 


Step 2: Subtract the mean 


The average matrix has to be calculated, subtracted from the 
original faces (I) and the result stored in the variable ®,. The 
mean image is Fig. 3, 





Fig, 3 Mean Image 
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Step 3: Calculate the covariance matrix 


In the next step the covariance matrix C is calculated 
according to 

1 M 7 tog 
C=—Y 0,07 (3) 


nst 


Step 4: Calculate the eigenvectors and eigenvalues of the 
covariance matrix 


In this step, the eigenvectors (eigenfaces) u, and the 
corresponding eigenvalues A, should be calculated. The 
eigenvectors (e1genfaces) must be normalized so that they are 
unit vectors, i.e. of length one. 


Step 5: Select the principal components 


From M eigenvectors (eigenfaces) u, only My should be 
chosen which have the highest eigenvalues. The higher the 
eigenvalue, the more characteristic features of a face does the 
particular eigenvector describe. Eigenfaces with low 
eigenvalues can be omitted, as they explain only a small part 
of characteristic features of the faces. After Mo eigenfaces u, 
are determined, the”training’” phase of the algorithm is 
finished. The eigenfaces that are generated with the calculated 
eigenvalues that are not zero is given tn Fig. 4. 





Fig. 4 Generated Eigenfaces 


B. Improvement of the Original Algorithm 


There is a problem with the algorithm described above. The 
covariance matrix C in step 3 (equation 3) has a 
dimensionality of N? by N?, so one would have N? eigenfaces 
and eigenvalues, For a 256 x 256 image that means that one 
must compute a 65,536 x 65,536 matrix and calculate 65,536 
eigenfaces. Computationally, this is not very efficient as most 
of those eigenfaces are not useful for this task. So, the step 3 
and 4 is replaced by the scheme proposed by Turk and 
Pentland [1]. 


M 
c=—So0,07 = AA™ (4) 
n=| 
where the matrix A=[®,,®, PEATE ®,, |. The matrix C 


however is N? by N?, and determining the N? eigenvectors and 
eigenvalues 1s an intractable task for typical image sizes. 


L=A‘A (5) 
where L, = DD, 
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M 
u, = ` ¥,®, (6) 
kal 


where L is a M by M matrix, V, are M eigenvectors of L and 


u are eigenfaces. Note that the covariance matrix C is 
calculated using the formula C = AA’, the original 
(inefficient) formula is given only for the sake of explanation 
of A. The advantage of this method ts that one has to evaluate 
only M numbers and not N?. Usually, M <<N’ as only a few 
principal components (eigenfaces) will be relevant. The 
amount of calculations to be performed is reduced from the 
number of pixels (N? x N^) to the number of images in the 
training set (M). In the step 5, the associated eigenvalues 
allow one to rank the eigenfaces according to their usefulness 
and to use only a subset of M eigenfaces, the Mo eigenfaces 
with the largest eigenvalues. 


C. Classifying the faces 


The process of classification of a new (unknown) face Fnew 
to one of the classes (known faces) proceeds in two steps. 
First, the new image is transformed into its eigenface 
components, The resulting weights form the weight vector 
Qnew. 


w, =u) T, —w), k=1,2......Mo 
O w Warana Wy | (7) 


Euclidean distance between two weight vectors d (K) 
provides a measure of similarity between the corresponding 
images 1 and j. If Euclidean distance between [new and other 
faces exceeds - on average - some threshold value 0, one can 
assume that Dye, is no face at all. d (€2,,Q,) also allows one to 
construct “clusters” of faces such that similar faces are 
assigned to one cluster. 


D. The Euclidean Distance 


Let an arbitrary instance x be described by the feature vector 
Elaa hai huono an(x)] 


where ar(x) denotes the value of the r” attribute of instance x. 
Then the distance between two instances xi and xj is defined 
to be d œ, x): 


d(x. x, )= root of ` (ar(x,)—ar(x, yy? 


ræļ 


In a similar manner the Euclidean distances of the test image 
are calculated with respect to all the eigenfaces and the image 
corresponds to that image for which the distance is minimum. 
A certain threshold can be kept over this minimum distance 
which would determine whether the input image is a face or 
not. However in this face recognition system, a slight 
modification is applied, instead of using thresholds, the 
system provides the five closest matches to the test image. 
This modification will allow human interface for a final 
decision on the identity of the face while at the same time 
fully utilizing the time saving advantage of the eigenfaces 
technique. The Euclidean distance and weight graph that is 
created corresponding to an input image is in Fig. 5. 
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Fig. 5: Euclidean distance and weight graph 


E. Authorization of the person 


Once the person is recognized then his presence will be done 
in the file automatically with date and time and if it is the 
administrator in the database of excel file then parallel port 
will be enable and present or absent is marked. The 
reconstructed image to a corresponding input image is given 
in Fig. 6. - E 





Fig. 6° Input image and Reconstructed Image 


V. CONCLUSION 


One application of the algorithm presented here can be for 
automatic attendance system installed on the entrance gate. 
When the person enters, his/her face is recognized 
automatically and marked as present in the database. An 
application module with the help of a small software routine 
has been developed for recording other details such as entry 


time, exit time, number of days etc. 
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Abstract-Establishing the equivalence of two documents that 
are content wise similar at the fine level under the geometrical 
permutation of layout structure of the components at coarse 
level is the main aim of this research work. Since layout 
similarity is overlooked, the methods that group the documents 
based on the similarity in geometrical structure cannot be 
applied and further since the nature of contents in real life 
` scenario could be complicated and remain apriori unknown, the 
services of reading mechanisms such as OCR cannot be 
indented. 

It is established in this work that it is sufficient if two document 
images are compared at two hierarchical levels namely 
paragraph level (coarse) and word level (fine), since, because of 
admissible layout variation the equivalence at a medium level 
such as the line level cannot contribute any extra information in 
establishing content wise equivalence. 

Comparison at paragraph (coarse) level does the preliminary job 
of establishing the correspondence between the probably 
matching paragraph components. However the stringent 
confirmation happens only at the fine (word) level because 
content wise equivalence demands the existence of these 
components in both the documents in the same sequence and 
further the components should display structural equivalence 
and finally content equivalence between themselves. 

Structure similarity is established through the analysis of the 
extracted Geometrical Span features - Height, Width, Area, 
Density and Sparsity of the component. The tight boundary 
contour of the component is plotted on the X-Y plane to extract 
the Position features - Displacement and Inclination, which are 
used to analyze the position and sequence of occurrences of the 
components. i 

Content equivalence is established through a unique feature 
called Entropy, which is the measure of energy spots, which 
occur due to the transition from high pixel to low pixel or vice- 
versa in a binarized document image. The concept of entropy 
accomplishes the act of not reading the content of the document 
images. 

Experiments are conducted considering single columned and 
double columned text document images, with corresponding 
paragraphs placed in shuffled locations and with adjacent 
paragraphs merged into one or vice versa. 


Keywords - Tight Segmentation, Coarse level, Fine level, 
Component Structure, Entropy, Text Equivalence. 
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I. INTRODUCTION 

N the era of modern technology, digital documents 

predominate. Digital documents are stored and maintained 

as soft copies within in the system. The user would be more 
cautious in preparing the document and would have generated 
multiple copies within the system under different file names. 
If it were articles or technical papers, then they would also be 
present in different layout structure with same content under 
different file name. Same content document would be present 
in different layout structure in different sources on world web 
as per the publication rules, when retrieving the documents 
based on layout structure they are recognized as different 
documents. To avoid or alarm the user of multiple copies of 
the same document in the system for efficient utilization of 
memory and retrieval of same document irrespective to its 
layout structure based on content, a method is required to 
establish the equivalence between two document images. 
Conventional approach would be applying an OCR system to 
understand the document images to establish the equivalence 
between the document images. This method would be more 
tedious and complex, as it requires both recognition of 
characters and the support of contextual grammar for 
understanding the document images. In the absence of OCR, 
match between word images [4],[{14], match between comer 
features to rank the word images[6] for retrieval of 
documents, match between the characters based on the 
compression ratio[9],[10J, detection of duplicates based on 
the X-base line for each character [8] have been proposed by 
various authors, but none of the methods speak about the 
match between components at corresponding levels at 
different hierarchy such as paragraphs, lines, words and 
characters between two document images, thereby looking 
into both visual appearance as well as the content of the 
document images. The scenario would be more demanding if 
the documents are of same content with different layout 
structure than documents of same content with same layout 
structure: as the visual appearance of the two documents 
would be different there by establishing the equivalence based 
on layout structure is not possible. In this paper we have 
proposed a new method for segmentation for the extraction of 
components at different levels and content of the components 
1s felt through the information overlay of the components as 
foreground on the background of the null document image to 


establish the equivalence between document images with 
same content but different layout structure. 

Two document images with same content and different layout 
structure exhibit content and structural equivalence only at 
word (fine) level since the sequence of occurrence of these 
components would remain unchanged though at paragraph 
(coarse) level the components would’ have undergone 
geometrical displacement due to differences in layout format. 
The two document images are compared at two hierarchical 
levels- paragraph (coarse) level and word (fine) level since the 
intermediate (line) level components would not fetch any 
information structurally to measure the equivalence as the 
intermediate level components would have entirely different 
structure based on the layout format. The analysis of these 
components for establishing equivalence between two 
document images is based on structure and content by 
extracting the geometrical span features, position features and 
content feature. 

The basic steps involved in establishing the equivalence 
between two document images are, tight segmentation to 
extract the components from a document image by enclosing 
each of them im a rectangular boundary box, followed by 
feature extraction of each component and the features are 
matched between components of same hierarchy in sequence 
between two document images, where geometrical span 
features are used to compare the area occupied by the 
components, position features are used to estimate the 
position of the component on the background of the 
document image and content feature is used to compare the 
text content between the components. 

Experiments are conducted considering single columned and 
doubled columned Manhattan document images with 
paragraphs placed in shuffled locations and with paragraphs 
split into two adjacent paragraphs and vice versa. The 
restriction laid down is only that the documents must have 
font style and size variations at corresponding locations in 
both the document images because the content feature 
Entropy- is directly influenced by the change in font style and 
SIZE. 

The paper is organized as follows, In this section 1, the type 
of documents handled and the steps involved in establishing 
the equivalence have been stated. In section 2, segmentation 
procedure for extracting coarse level and fine level 
component has been presented. In section 3, features extracted 
from each component at both the levels and comparisons 
between corresponding components in both the documents are 
presented. Results have been put in section 4. Conclusions 
have been summarized in section 5. 


Il. TIGHT SEGMENTATION AND BOUNDARY 
CONTOUR OF COMPONENTS ON X-Y PLOT. 
Segmentation is a method of extracting the homogeneous 
regions from the document images. There are different kinds 
of segmentation techniques based on the applications. To 
extract the component structure some of the methods existing 
are connected component analysis [12], [13]-a bottom up 
approach, Voronoi diagram technique[1],[7],[11]- a geometric 
approach which is also a bottom up approach etc. These 
methods obtain the layout structure of the documents at 
coarse level but do not define the components at different 
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levels like paragraphs, lines, words and characters. The new 
approach, known as Tight segmentation [1] is a top down 
approach, which segments the components at different 
hierarchical levels such as paragraph (coarse) level, line 
(medium) level and word (fine) level and encloses them in a 
tight enclosure. Each component 1s identified based on the 
blank space existing between the components at same level. 
The threshold is automated by calculating the width of the 
blank space existing between the adjacent components. And 
also this method extracts the components in 3 logical 
sequence without any apriori knowledge. 
In this paper we have considered two levels of extraction 
namely coarse (paragraph) and fine (medium) level, since 
document images considered would have different layouts but 
same contents. Due to this the coarse level components would 
occur at different positions on the background and medium 
(line) level components would have undergone geometrical 
changes which could never fetch any information that could 
be retained for analysis and hence coarse level components 
would match only with the overall distribution of foreground 
information pixels to measure the density and the position of 
the component on the back ground of the document image. 
Segmentation is applied on a document image with Manhattan 
layouts and the procedure of segmentation is as follows. 
PROCEDURE: Tight Segmentation -for tight structure 
extraction of the components and layout plot of the input 
image. 
INPUT: Document Image and Paragraph (coarse component). 
OUTPUT: Tight component structure, layouts plot and index 
of each component. 
1. Binarize the input image. 
2. Compute the width of the blank space existing in both 
horizontal and vertical direction from one end of the 
image to other. 
Automate the threshold, by sorting the values and the 
threshold is set to the greatest value. 
Identify the position of the bank space to obtain the 
coordinate values of the components. 
Repeat the procedure in both the directions in horizontal 
and vertical. 
Enclose the component through a tight boundary line by 
considering the coordinates with reference to the 
background. The enclosing boundary contour of each 
component is extracted. 
7. Enclosing boundary contour is plotted on an X-Y plane. 
The components extracted and enclosed in a tight boundary 
contour through segmentation can be observed in fig.3 of 
input image in fig. | and the structure of the components is 
plotted on an X-Y plane as shown in fig.5. The new 
segmentation technique works well on all document images of 
Manhattan layouts. 

H. FEATURE EXTRACTION. . 
The features extracted from the structure of the components 
would normally be geometrical features, such as area, density 
etc for document components representation and various 
distances such as Euclidean, City Block, Weighted Hausdroff 
Distance [2] etc to find the structural similarity irrespective to 
what ever the content could be. Keeping in mind both the 
aspects - structural as well as text content new features have 
been extracted such as Content feature- Entropy[S] to measure 


the information content of a component and position features- 
displacement and orientation to analyze the logical sequence 
among the components of same hierarchy. These features 
have been explained in detail below. 

Given two document images Doc, and Doc, are said to be 
equivalent if both the documents exhibit similar content under 
the admissible variations in layout structure. The components 
within the document image are extracted at two hierarchical 
levels as stated above in section 2. The corresponding 
components b; and by at coarse (paragraph) level in both the 
document images Doc, and Doc, respectively establish 
similarity only with respect to density (D}- a geometrical span 
feature if the two components have the same content followed 
by the analysis of the position features to match with the 
location of occurrence in corresponding document images. 
Once the blocks by and by, of document images Doc, and Doc, 
respectively, are found to be comparable at coarse level are 
said to be content wise equivalent if the number of fine level 
components with in them match and also exhibit both 
structure wise and content wise equivalence with the sequence 
of occurrences. 

Once the document image is subjected to tight segmentation, 
a component in the document is enclosed in the tight 
structure. From the X-Y plot of the contour enclosing the tight 
boundary, the position features- index point (x, y} of every 
component, its distance from the reference origin 
(d=V[x"+y"}) and its inclination (@ = tan” (y/x)) are extracted 
for coarse level components. 

For an arbitrary component ‘b’, the POSITION features are 
shown diagrammatically in figure-!. 





Fig-1: Feature representation and transition points of a 
component, 

In the sequel the GEOMETRICAL features of the component 
are extracted. These features describe the geometrical SPAN 
of every component. The suggested span features are (i) 
Height (H), (ii) Width (W), (iii) Area ( A=H * W), (iv) 
Density (D)of the high pixels in the component and (y) 
Sparsity (S) of the high pixels in the component is the density 
of null pixels in the component. 

The satisfaction of the equivalence between the corresponding 
components b, and b,, across the documents Doc, and Doc, in 
terms of POSITION- the sequence of occurrence and the 
geometrical SPAN feature-density, although necessarily do 
not guarantee establishing the content equivalence between 
Doc, and Doc, However the non-satisfaction implies directly 
that the components by and by cannot be equivalent. In this 
context it should be recapitulated that we also accommodate 
flexibilities in the organization of components at paragraph 
level to suit certain ground realities such as corresponding 
paragraphs located in shuffled position, a paragraph in one 
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document split into two adjacent paragraphs in the other and 
vice-versa due to change in layout format. 
Now comes the major issue of establishing equivalence of 
text-content or simply CONTENT component wise at 
hierarchical levels. 
It may be recalled that we restrict the documents to contain 
only text. The text contents as said earlier are interpreted as 
overlays on the given null document. Hence the overlays 
cause transition from background (0) to foreground (1). Such 
a point of transition is referred to as an energy spot since the 
activity of change in energy takes place at this point. The 
transition could be from 1 to 0 identified as a negative (-) 
energy spot or could be from 0 to 1 identified as positive (+) 
energy spot. These packets of energy could be traced along 
every horizontal line or row of a component (fine level) and 
along every vertical line or column of a component (fine 
level). 
The energy parameter is quantified in terms of ENTROPY [5] 
as given by the following formula. 

E(t) = plogd+ p)+(1— p)log(1+(1— p)) 
Here t is the transition, E(t) is the entropy. p is calculated 
based on the number transitions in each row or column 
divided by the total number of columns or rows respectively. 
Hence p is the probable occurrence of transition in each row 
or column and I-p is the probable non-occurrences of 
transition. 
Depending upon the transition as described above E(t) could 
be E(t) or E’(t). As said earlier, entropies are computed row 
wise and column wise. Total entropy of each row (E, (t)) or 
column (E,(t)) is the summation of E(t) and E(t). Total 
entropy of every component is the summation of entropy of 
all the rows and columns. 
Certain observations can be enunciated at this stage that help 
in devising the algorithms for equivalence computations. 
a, Two documents are equivalent if the two corresponding 
components from the two documents at coarse level 
display equivalence in terms of POSITION and 
DENSITY within the scope of permissible flexibilities of 
structural variations (elongated/stretched) based on the 
layout format and components could also be shuffled 
with split and merged paragraphs. 
To establish content equivalence between corresponding 
comparable coarse level components, the fine level 
components are subjected to both structure and content 
analysis of each component in the order of sequence they 
occur. 
The coarse level components could be split into two 
components or could be merged into single component, at 
this case, the components at corresponding document 
images would exhibit different geometrical span features 
except the DENSITY feature which would remain same, 
since the summation of density feature of both the split 
components would be same as the density of merged 
single component as illustrated in section 4 and also that 
the components would only be adjacent if they are split 
into two components. 
The content-feature ENTROPY is a powerful feature that 
extracts the content of a component at fine level along 
with the sequence of occurrences, making it possible to 


realize the most significant objective of this research 
work for establishing the content equivalence without 
reading the content. 

Feature extraction for each component is based on the 
structure extracted through segmentation with reference to the 
geometrical aspects and foreground of the component. 
PROCEDURE: FEATURE EXTRACTION. 

INPUT: Component obtained through segmentation. 

OUTPUT: Position, Span and Content features. ` 
1. Extract the vertices of each component. 

2. Calculate the Width (W), Height (H), Area (A), Density 
(D) and Sparsity (S) for each component. 

3. Calculate displacement (d) and inclination (0) 
considering the index of the component and origin of the 
plot. 

4. Compute the total or overall entropy of each component 
as stated above. 

These features are extracted for every component at coarse 
and fine level, which helps in establishing the spatial 
relationship among the same level components, with the 
sequence of occurrences by labeling them. 

The similarity analysis of the components at same level in 
corresponding document images is established by finding the 
absolute difference between geometrical span, position and 
content features. 

The algorithm for similarity analysis is summarized below. 
PROCEDURE: SIMILARITY ANALYSIS 
INPUT: Two components (b, and 6,,) at coarse level. 
OUTPUT: Quantitative analysis of two components to 
estimate similar. 

1. Compute the difference between Geometrical span, 

. position and content features of components at coarse 
level. 

2. If the components are similar with respect to density then 
they are further subjected to segmentation at fine level. ~ 
Compare the total number of fine level components. 

4. If the number of fine level components remains same, 
then each component in the sequence are correspondingly 
matched. 

5. If the entropy of each fine level component matches in 
the sequence correspondingly, then they are exactly 
equivalent with respect to content, font style and size. 

The two document images of same content and different 
layout structure can be directly compared at fine level even 
without establishing the correspondence at coarse level, but 
from the coarse level components the reading sequence can be 
obtained, With in each coarse level component fine level 
components can also be extracted in the reading sequence so 
that the comparison becomes one to one match reducing the 
complexity of searching the sequence order. 

IV. EXPERIMENTAL RESULTS. 

The cases considered for experimentation are as follows. 

1. Document images with same content and layout but 

coarse level components are shuffled. 
At this situation, coarse level components would have 
same geometric span features and content but the position 
would be different. The coarse level components would 
have fine level components at same positions and the 
same sequence order. Even medium level (line) would 
also exhibit equivalence correspondingly. 


= 


mamamana 


2. Document images with same content, but different layout 
structure. 

Here the coarse level equivalence show correspondence 
only with the density feature, but also the sequence order 
could be same. But the medium level could not preserve any 
kind of resemblance. The fine level components have same 
content feature-entropy and same sequence of occurrence but 
the position variations can be observed. 

3. Paragraphs could be split or merged due editing or due to 
different layout structure. 

The sequence of fine level components could be same 

with different positions since the paragraph is split, so 

some of the words would be in different position, same 
with the case of merged paragraphs. 
Considering documents with same content same layout 
structure but the paragraphs shuffled have been illustrated 
below, where coarse level components are extracted and their 
positions are extracted and labeled as shown in figure 5 and 6 
for input image | and 2 in figure | and 2 respectively. 
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Fig 3: Coarse Level Component Fig 4: Coarse Level Components 





Fig § Fig 6 

Fig- 5 and Fig- 6 represent the structure of coarse level 
components. Coarse level components of document image | 
in figure | and document image 2 in figure 2, establish 
corresponds between blocks (bl and B1), (b2 and B3), (b3 
and B4) and (b4 and B2) since these components have same 
geometrical span and content feature but they do not match 
with position features, therefore the components within the 
layout are shuffled. Similarly the documents with same 
content different layout structure as single columned and 
double columned documents are also compared. The 
experiments are illustrated with paragraph of same content 
and different structure that is similar to the comparison 
between two documents of same content and different layout 
structure due to page restriction. 
Paragraphs with same content in different layout format will 
have variation in structure, where content equivalence cannot 


812 


be established. To establish the content equivalence at fine 


(word) level components are extracted as shown in fig 7,8 and’ 


9. Experiments are conducted for paragraphs split and merged 
due to layout format as shown in fig 9, At coarse level the 
components do not match with geometrical span features, but 
they are identical with respect to density and the total number 


of fine level components with in them, which can be 


‘considered as comparable and further each fine level 
components are analyzed with the sequence of occurrence, 





Fig 9: SEERE eae Gal cies 


The paragraphs in fig 7, 8 and 9 are identical with respect to 
content and words arranged in the same sequence, but the 
position of occurrence of these words are different due to 
different layout format. 
V. CONCLUSION. 
Establishing the equivalence between the contents of two 
document images is one of the important intermediate steps 
for various applications such as classification, categorization, 
retrieval etc, where the content match would require an expert 
or a supervised model to read and understand the document 
image which would require more time and would become 
more complex, Avoiding the understanding of document 
image and to establish a pattern match which could feel the 
content of the text a new entropy model has been introduced 


and also a new segmentation technique has been proposed to’ 


extract the components in an hierarchical strategy. The 
segmentation technique works well for documents with 
Manhattan Layouts. Entropy introduced in this research paper 
has one major drawback that is, it is variant to font style and 
size where, it shows different energy for same component of 
different font and style. 
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Abstract-—Compression of data in any form is a large and active 
field as well as a big business [1] [2]. Image compression is s 
subset of this huge field of data compression, where we undertake 
the compression of image data specifically. Present day devices 
have human machine interactive systems where information is 
communicated via, text, audio, video or image [5] [6] [9]. So here 
we propose a methodology for present day display devices where 
low resolution image may be sufficient [3]. We use discrete cosine 
transform with masked pixels after discrete wavelet transform of 
the original] image for single or more levels {3) [7]. These results 
to a hybrid transform which uses the advantages of DWT and 
DCT both The received image undergoes filtering and 
smoothening to cover up the effect of masked pixels. Through this 
process we achieve a reduction of number of pixels by 73% (with 
DWT before DCT with masking) to 96% (with DWT with 
maximum allowable masking after DCT) or in between, for a 
typical image size of 256X256. This type of bybrid transform can 
easily be performed with high speed processors available today in 
the market with appropriate changes in the program [4] [8]. 


Key words—Discrete Cosine Transforms (DCT), Discrete 
Wavelet Transform (DWT), image coding, masking. 


I. INTRODUCTION 


ATA compression has become a necessity for saving 

bandwidth, power, storage space, etc. Thus it has turned 
out to be a present day craze as well as source of competition 
in the race for technology and research with so much 
manpower, time and money involved for its development [1] 
[2]. Out of the image compression techniques available, 
transform coding is the most preferred method [1] [2] [10]. 
Since energy distribution after transform coding varies with 
each image, compression in the spatial domain is not an easy 
task [11]. Images do however tend to compact their energy in 
the frequency domain making compression in the frequency 
domain much more effective. Transform coding is simply the 
compression of the images in the frequency domain [12]. 
Transform coefficients are used to maximize compression, For 
lossless compression, the coefficients must not allow for the 
loss of any information. We have seen that DCT and DWT 


have been among the most popular transform coding used. 
Initially it was DCT which was popularized by the JPEG then 
came up the JPEG2000 which used the DWT [13] [1] [2]. 
Based on a comparative study [7] to evaluate the performance 
difference of the Discrete cosine transform (DCT) and 
Daubechies-6 wavelet based image coding and reconstruction, 
it was reported that for still images DWT outperforms DCT 
typically in terms of compressed output for different 
quantization levels as well as reconstructed image quality for 
the same image size. So for less than 64x64 images no DCT 
algorithm is applied. 


As these transforms were popular people started their 
hardware implementations on FPGAs for faster design of 
chips. So these transforms were realized on chips for better 
performance for various high speed processors and embedded 
systems. Day by day people are coming out with new methods 
to implement DCT and DWT to even microcoded DWT on 
chip with various algorithms and implementation [8]. 
Moreover so much of research has revealed a lot of pros and 
cons for the various methods, which has been a boon in the 
technological point of view [14] [15] [16]. 


We propose a hybrid transform methodology which uses 
both of these transform coding techniques (DCT and DWT), 
and is specifically for devices (mobiles, palm tops, video 
conferencing, etc.) which are of smaller screen size or allow 
low resolution viewing. We realize very high compression and 
thus lower the cost of data storage and transfer, at the cost of 
image resolution. The aforesaid devices may not have the 
requirement of high resolution of the person or environment, 
so we go for low resolution image viewing. For hand held . 
devices, normally which are of smaller screen sizes (200x150 
or less), be it a 64x64 image or a 1280x1024 full resolution 
image, when we view it on these devices they appear similar. 
The smaller sizes though might not give high clarity but 
convey the required message. Other than that it may be used 
for low resolution devices like web-cam image or those of 
video conferencing. 
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If. IMPLEMENTATION 


The first step is thus to extract the image information from 
input image X(i,j) , i.e. to know about its size (number of 
pixels, RGB or gray scale), type of image (BMP, JPEG, 
PNG,TIFF, etc.), and the type of device (webcam, mobile, 
etc.) on which it is to be viewed or the purpose and check 
whether the device is a low resolution device or has smaller 
screen, Based on the extraction of aforesaid image information 
we decide how many level of DWT to apply. As the screen 
size of these devices are around 200x150 or less, for images in 
between 256X256 to 64x64 we apply single level DWT. If it is 
less we do not apply DCT later (as the size 64x64 is small 
enough so further removal of detail information will make the 
image unrecognizable), But if it is greater than 256x256 we 
apply higher levels of DWT. The wavelet we use is 
Daubechies 6 wavelet because it has emerged to be one of the 
best for image processing [6]. On applying DWT for single 
level and keeping the approximate image only we achieve 
compression about 67-73% (for eg. image of 64x64, 128x128 
and 256x256 have approximate image of sizes of 37x37, 
69x69 and 133x133 respectively). For two levels of DWT 
application the approximate image results to about 93% of 
compression (It is simply the repetition of the single level 
DWT process of Fig], on the approximate image to get the 
second level approximate DWT image). l 


After DWT we next teke Discrete Cosine Transform (DCT) 
of the approximate image. The 2 dimensional DCT of a 
discrete image block of 8x8 P(i/), is defined as F[i,/] as in 
Equation (1): 


Fii, j]= > CACY >) P(x, Y) 


x=0 y=0 


n cos( CEDE eos EIDE) op 
16 16 


where x, y, I and j all vary from 0 to 7 


sy foc vind j = 0 
CG) and CH= Y? 
1 for all other values of 1 and j. 


We then undertake masking of the resultant image where 
level of masking depends on the type of image (eg. more 
masking for BMP, less for JPEG, etc.). For high resolution 
images we can mask up to 54 bits out of 64 bits in each 8x8 
block dependmg on requirement. The maximum achievable 
compression percentages before entropy coding are shown in 
Table 1. There we first have the image size limits followed by 
number of levels of DWT to undergo and the allowable 
masking. These are followed by the percentage of compression 
due to DWT, the percentage of compression after applying 
DCT plus mask on the approximate image and finally the total 
percentage of compression achieved. The masking is done 
diagonally, i.e. 0, 1, 3, 6, 10, 15, 21, 28, 36, 43, 49 and 54; as 


the example masks shown in Fig. 2. This is followed by 
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quantization and entropy coding. Here we used RLE (Run- 
Length Encoding) as after reduction of 90% of size, RLE is a 
better option compared to Huffman encoding as it is less 
complex. These result to a final output A(ij) along with B, C 
and D being quantization levels, size of DCT mask and DWT 
levels, respectively, as shown in Fig. 3. 
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Figure 1: Single level Discrete Wavelet Transform step to extract 
approximate image 


Tabiel: Maximom compression before entropy coding for different 
Image sizes of a JPEG2000 image. 
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At the receiver end we have lesser complexity in the 
decoding process compared to the encoding, and hence it may 
be implemented on FPGA. We have implemented this 
methodology only on software (MATLAB® program), Here 
we need the initial compressed image A(i,/) along with number 
of quantization levels B; DCT mask size C; and number of 
DWT levels D. These B, C and D values are integrated with 
A@ij) (i.e. compressed image data) for transferring as 
multimedia data, We under take the reverse process, first 
entropy decoding (reverse RLE or if Huffman coding was used 
than Huffman decoding); followed by de-quantization based 
on quantization level mformation B (along with others 
information like max value, min value, step size, etc. of the 
image pixel). Then we proceed for filling up the masked pixels 
with zero values (zero padding) before IDCT (inverse DCT) 
using information from C which is followed by IDWT (inverse 
DWT) with the number of levels specified by D. Lastly we 
have to under go smoothening & filtering (here we used 
median filter an inbuilt filter pads the image with zeros on the 


edges) after IDWT to get Y(i, J). Here ¥(i, j) # X(i, j) but 
approximately same, The whole algorithm is as described in 
Fig 4. 


Compreased 
image information 


Dic {Bp AULD 
No. of Levels 
or Quantization] | image 


Entropy 
Decoding 


DCT +Zero Padding for 
8x64 pixel block 
DCT mask 
iDWT with 
Daubechles-& 


size 
No. of DWT 
Levels 
Smoot ines 
& Filtering 
Z Cay Reconstructed 


image 
Figure 4: image decompressing algorithm 


Ul. RESULTS AND DISCUSSION 


The original image of size 256x256, shown in Fig 5, is taken 
and then DWT with Daubechies-6 wavelet was accomplished 
to get the four blocks in Fig. 6 each of size 133x133. Then we 
use only the approximate image (resulting 73% compression) 
to get the DCT and then masking of 54 bits per 8x8 pixel 
block. We have around °276 numbers of 8x8 blocks m a 
133x133 image. Thus removing 14904 (54x276) pixels from 
17689 (133x133) pixels resulting to 84% compression by the 
mask and an overall compression of 95.8%. We have reduced 
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from 65536 (256x256) pixels to 2785 (17689-14904) pixels 
(Fig.7). This is followed by 16 level quantization and RLE 
encoding which further reduces the size. As we achieve finally 
around 96% compression, the effect of RLE is not much and 
hence may be avoided if required, for images of smaller size. 
The coded image slong with parameter valucs B=16, C=54 
and D=1 are sent for decompression at the receiver end. 


The coded image A(i,/) along with B, C and D values are 
received by the receiver. Then on computation of entropy 
decoding and de-quantization, we get the 2785 pixels 
containing the image data, which may vary slightly from the 
original sequence due to quantization error. Then we perform 
IDCT to get the image in Fig 9 from the zero padded image of 
Fig 8. This image in Fig 9 ts of 133x133 Le. corresponding to 
the approximate image obtained after DWT at the transmitter 
side. We then perform single level IDWT on this 133x133 
image to get the 256x256 image of Fig 10. This image is then 
smoothened and filtered to get the image in Fig 11. The output 
image is sufficiently clear and when we view it in a smaller 
size screen than its actual size (as in the case of low resolution 
devices with smaller screens), as in Fig. 12, we can see that the 
final reconstructed image is very near to the original image in 
its fidelity. 


To compare the reconstructed image with the original image 
we apply PSNR criterion. The ratio between the maximum 
possible power of a signal and the power of corrupting noise 
that affects the fidelity of its representation is called PSNR 
(peak signal-to-noise ratio). It is commonly used as a measure 
of quality of reconstruction m image compression etc. Because 
many signals have a very wide dynamic range, PSNR is 
usually expressed in terms of the logarithmic decibel scale. 
The original image (i, jyand the reconstructed image 


X(i, J) may be compared for evaluation of the effectiveness 


of the compression technique by calculating the mean squared 
error (MSE) as given by Eq. (2). 


m-l gel = 
MSE=—>'¥'|xG,-Xe df @) 
MN id Jsa 








The XY (i, j) is considered as a noisy approximation of the 
X (i, J). PSNR is expressed by Eq. (3) 
PSNR = 20log,, (a) 
MSE 


Here, MAX, is the maximum pixel value of the image. 


(3) 


When the pixels are represented using 8 bits per sample, 
MAX, is 255. Typical values for the PSNR in image 


compression are around 30 dB. But as we are considering 
great amount of pixel removal so we can not have the luxury 
of those values but our PSNR lies within 10dB which is 
considerably good when we are achieving this huge amount of 
compression for low resolution applications. The PSNR. plots 


for the reconstructed 256x256 (i, J) image with the 


on 
14, 


respectively. It is thus clear that with quantization level more 


than 16 for any fixed mask 
approximately constant as is revea 
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Figure 13: PSNR plot with varying quantization levels for maximam and 
minimum masking 
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Figure 14: PSNR plot with varying number of masking bits for two 
quantization levels i.e. 16 and 64 


IV. CONCLUSION 


Our algorithm has been highly successful in terms of 
software simulation implementation and has provided results 
which are satisfactory. Thus we see that this method, if 
realized on hardware, may be a boon for the huge amount of 
compression it provides. With quantization level more than 16, 
there is hardly much difference in the PSNR value. So the only 
parameter that may be varied is the mumber of bits to be 
masked if we fix the quantization level to 16. Thus this further 
reduces the number of variables from three (B, C and D) to 
two(C and D) only. Moreover if the smoothing and filtering is 
improved, better quality picture will be achievable at the same 
compression ratio. In future our methodology may be further 
improved for application in the temporal domain and than 
videos may also be compressed in the similar manner, 


We have used median filter for smoothening and filtering 
to remove the sharp edges at each 5x5 pixel blocks. This may 
not be quite satisfactory and hence we are also looking to 
further improve this step. An FPGA implementation of this 
hybrid compression technique is presently being pursued. 
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Abstract— In this communication, the effects of electronic 
scanning and radiating patterns are investigated upon the 
arbitrary shape of the metallic strips. Furthermore, a proposition 
of a versatile and a flexible method for analyzing complex 
structures is given. It consists in applying rigorous transverse 
resonance method combined successfully to least squares 
technique and the boundary element method. 


Key words—Antenna, Leaky-Wave, Radiating, Arbitrary shape. 


I. INTRODUCTION 


CROSTRIP leaky-wave antennas (LWAs) have several 

unique features, which make them attractive candidates 
for many antenna applications, ranging from mobile 
communications to phased array radar systems. They have 
been extensively studied and developed for use in microwave 
circuit design. Based on planar-layered structures, LWA have 
been investigated in recent years due to their advantages in 
terms of low cost and simplicity. They have also attracted 
profound interest for many decades because of their unique 
characteristics and their comparative advantages (narrow 
beam, frequency scanning, non resonant), By properly exciting 
leaky waves on such structures with a simple feed, narrow- 
beam radiation patterns may be obtained, which are steered in 
elevation by varying frequency. 

Many works related to microstrip leaky-wave antennas 
have been given in general for the case of rectangular metallic 
strips [1]. However, little has been published for any arbitrary 
shape [2]. 

In this communication, we present accurately the 
behavioural features of microwave and millimeter wave of a 
large 1-D microstrip leaky-wave antenna with non regular 


‘shapes in order to show their effects on radiating 


characteristics (electronic scanning, radiating patterns...) and 
consequently their advantage and inconvenient with the 
regular one. A moment method procedure in space domain is 
applied to find the vector electric surface current density 
excited on the metallic parts. The most difficult aspect of the 
antenna‘s radiation problem is the generation of the trial 
functions describing the current on such parts. Thus, the 
formulated problem is reduced in expressing originally the 
trial current density upon an orthonormal basis elements 
generated numerically. Hence, by the least squares technique, 
an eigen-value problem is set [3]. 

Then, the computation of the inter-modes inner products 
matrix is determined and accelerated by reducing the surface 
integral calculation to a simple one by the boundary elements 
method [4]. Hence, the method efficiency is showed by 
Floquet modes number truncation necessary for the 
convergence of the complex propagation constant. 

Otherwise, other challenges which are commonly required 
in many applications are the possibility to conform the 
radiating patterns and to perform the characteristics (SLL, 
beam-width, etc...) by the optimisation of the metallic shape. 
The reliability of the method is evidently showed by the 
sige ig of new periodic shapes: exponential, sinusoidal, 
etc... 


H THEORY AND BACKGROUND 


A. Leaky-Wave Antenna Structure 

The geometry of a 1-D microstrip leaky-wave antenna 
sketched on Fig.l, consists of N printing metallic parts of 
arbitrary shape, which are periodically etched with d along 
(Oy) direction. The dielectric substrate of height a and g its 
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relative permittivity is mounted on a ground plane. The 
structure is assumed too large (infinite) to neglect the edges 
effects. The excitation of the leaky-wave is realized by a 
vertical excitation. Horizontal one can also be considered. 





Fig. 1. Microstiip leaky-wave antenna with metallic strips of arbitrary shape 


B. Numerical Trial Basis Construction 


In this case. for determining the trial functions basis, no 
analytical expressions which may teproduce the current 
density variation in the metallic domain are found. The 
solution consists to numerically build this basis. The current 
density J and {gx} functions, chosen as trial functions must be 
high on metallic parties and vanish on insulation ones. They 
are expressed in terms of {fam} functions: the periodic walls 
wave-guide proper modes by: 


|g. )= ta) 


(1) 


Nfes : the required trial function number. 
amn | trial function components. 


On Fig.2, the 100 first eigen-values are represented versus 
the metallic surface (sub-domain: Sm) and the aperture surface 
(entire-domain: Sr) ratio. So, more values are generated more 
this ratio has to augment. Also, the number of Floquet modes 
necessary for computing the complex propagation constant 
depends on the shape considered and its section. For high 


number, spurious solutions may be excited due to the eigen 
value degeneration. 
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Fig. 2 Etgen-values variation versus Sy/S+ ratio. 
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lil NUMERICAL RESULTS - INTERPRETATIONS [4] 


Many optimal metallic shapes are investigated in order to 
perform the radiating characteristics of a microstrip leaky- 
wave antenna. 
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Fig. 4. Radiating patterns Es /Eemas (dB) in E plane for a microstnp leaky-wave 

antenna loaded with sinusoidal shapes for Lo=20Ao at f=84GHz (Angular shift 

at —5°) €=2.45, a=0.387 Ag, c=0.8 Ay d=0.667 Ao (Ay =3,.75mm at f = 80GHz), 
~~=- Shape | —-—— Shape 2 


IV. CONCLUSION 


This communication addressed the issue of using a uniform 
1-D penodic LWA of metallic parts with arbitrary shape to 
produce a conical scanned beam in elevation plane. By a 
reduction of the surface integral to a line integral, the inner 
products are easily computed for more complex shapes. Thus, 
a convergence check is elaborated for the TE, TM modes and 
the linear segments numbers required for the contour 
discretization. Numerical results indicated the ability of the 
method to accurately model the 1-D LWA. Furthermore, the 
optimisation and the investigation of new shapes are given for 
performing the radiating characteristics of such antennas. 
Then, it will be as indicated above, easy to predetermine the 
radiating patterns versus the proposed periodic shape. An 
extension may be done for specific and more complexes 
forms. 
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Fig. 5 Radinting patterns Eg/Eoue, (GB) in E plane for a microstrip leaky- 
wave antenna loaded with exponential shapes (Vivaldi) for Lo=l5Aq at 
fx74GHz (Angular shift at —26°) €=2.45, a=0 387 Ag c= 0.8 Ao, d=0,667 Ao 
(Ay = 3.75mm at f =80GHz). Shape } ——~ Shape 2 
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Abstract— Nowadays the modern commercial enterprise is 
difficult for presenting without information systems of various 
purposes - accounting, financial-analytical, industrial, warehouse 
information systems, etc. The large enterprise uses multipurpose 
information systems, for example ERP, CRM, SCM and others, 
and their application can simultaneously occur. Besides there are 
still suppliers, clients, partners with the complex and specific 
information systems. All this should be in interaction. 

In connection with there is a problem of communication of 
such diverse data, and also creation of ways, which data in a 
convenient format for its further processing allow to obtain. The 
concept a web services creates conditions for the decision of 
problems of assoctation and integration of diverse systems on the 
basis of the open standards. 

The main purpose of the given work is the description of 
system engineering of integration of the diverse enterprises for 
teamwork with use of the concept a web services by means of 
Java - technologies. 

On the basis of developed service probably interaction between 
the enterprises, centralized use of resources and fast information 
interchange between them. ~ 


Key words— information interchange, interaction of 
enterprises, modeling, SOAP, Web service, WSDL, XML. 


I. INTRODUCTION 


ODERN commercial enterprise is difficult for 

presenting without information systems of various 
purposes - accounting, financial-analytical, industrial, 
warehouse information systems, etc. The large enterprises use 
multipurpose information systems. Besides there are still 
suppliers, clients, partners with the complex and -specific 
information systems. All this should be in interaction. 


The problem is in .an effective organization of this 
interaction to create productive, reliable and safe automated 
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extra - corporate (i.e. enterprises reaching for limits) chains 
of those business-processes, which integration is necessary for 
the enterprise for realization of the business-functions. The 
basic set of problems of modern information technologies of 
the enterprises is in the field of integration of extra corporate 


appendices, 
In connection with there is a problem of communication of 


such diverse data, and also creation of ways, which data in a 
convenient format for its further processing allow to obtain. 


' The concept a web-services creates conditions for the decision 


of problems of association and integration of diverse systems 
on the basis of the open standards. 


Efficiency of use a web - services is in the standards; the 
open protocols of an exchange and the data transmission 
supported on all platforms Unix and Windows. 


Il. WEB-SERVICE TECHNOLOGY 


A. The basic concepts 


At use a web-service to the enterprises it will be absolutely 
not important, what software is used with the partner for 
between you there is "a universal translator" - a web-service 
representing, as a matter of fact, the description of rules on 
which concrete consumers of the information get access to 
concrete data. Standard and unified, therefore by means of a 
web-services it is possible to unite the description rather easily 
both internal services of the enterprise, and information 
systems of the whole branch. In the first case "universal 
translators" facilitate integration diverse software in a local 
network of the enterprise, in the second - provide transition 
from automation local business of processes to automation 
global business of processes. 


Service oriented architecture (SOA) and a web-services as 
its component is not only new way of association of the 
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isolated programs and the whole information systems [3]. In 
effect, it is a new way of association of businesses. Destroying 
traditional corporate barriers, the web-services are provided 
with a continuity of process of creation of the goods or 
service, which actually is never limited to frameworks of one 
enterprise. Closely integrated chains of the enterprises- 
partners, and - for as much as short term, down to individual 
contact allow creating the Web-services quickly. By means of 
web-services coordinate interests and suppliers of raw 
material and accessories supervise each other, assembly 
manufactures, transport firms, customs terminals, wholesale 
and retail sellers, advertising-information services, etc. Due to 
optimization of costs and selection at each stage of the 
optimum partner in a prize remain all participants of a chain. 


B. Web services architecture 


_ The web services architecture is based on three related 
standards: SOAP, WSDL, and UDDI. 

Generally the three-pronged technologies can be described 
as follows: 

SOAP (Simple Object Access Protocol) defines the 
mechanism by which a web service is called and how data is 
retumed. SOAP clients can call methods on. SOAP services, 
passing objects in XML. format, 

“WSDL (Web Service Definition Language) describes the 
external interface of a web service so that developers can 
create clients capable of using the service. 

UDDI (Universal Discovery, Description, and Integration) 
registries contain information about web services, including 
the location of WSDL files and the location of the running 
services, so that a wide community of developers can create 
clients to access the services and incorporate their 
functionality into applications. 

Related technologies to facilitate web services include 
HTTP, HTML. XML, WML and URL. 

HTTP: The Hypertext Transfer Protocol (HTTP) is an 
application level protocol with the lightness and speed 
necessary for distributed, collaborative, hypermedia 
information systems. Secure HTTP provides a variety of 
security mechanisms to HTTP clients and servers, providing 
the security service options appropriate to the wide range of 
potential end uses possible for the World-Wide Web (WWW). 

HTML: Hypertext Markup Language is a markup language 
used to construct web pages for wired devices. 

XML: extensible Markup Language is a markup language 
used to construct web pages [4]. 

WML: Wireless markup language is a markup language 
based on XML for wireless and mobile web communication. 

URL: URL is the syntax and semantics for a compact string 
representation of a resource available via the Internet. For 
example, we use URL to locate web addresses and FIP site 
addresses. 


C. Interaction principle 
JAX-RPC (Java API for XML-Based RPC) provides a tool 


that reads WSDL and generates client-side stubs. These stubs 
are Java classes and interfaces that will be used by our code. 
The stubs provide a client-side interface to the server-side 
functionality. For example, if our server offered a Math 
services with a method called add, the generated stub would 
also have a method called add. Our client code will call a 
method on the stub, and the stub implementation code will 
take the parameters to that method and tum the Java method 
call into a Web service request. This request will be sent over 
HTTP to the server and will use SOAP as the RPC protocol. 

The client calls the stub, the stub translates the call into a 
SOAP message, and the stub sends it using RPC. The listening 
server receives the SOAP message and translates it into a 
method call at the server. If the server is written in Java, the 
SOAP message is turned into a Java call. if the server is a .Net 
server, the call will probably be to a C# or a VB.Net object. 
The server's return values are translated back to SOAP and 
then returned to the stub, which translates the returned SOAP 
message into a Java response. 


I. CONCLUSION 


Similar techniques are not new, however before technology 
were others, and afford their application very large enterprises 
could only. SOA gives an opportunity to use similar 
technologies to the enterprises of an average level. Many 
enterprises do not guess at all, that their information system is 
constructed and functions with use SOA. However they feel, 
that cost of integration of information systems inside of the 
enterprise and behind its limits decreases on orders. 

At sudden change of a market situation or the purpose of 
the enterprise, the scheme can be reconstructed business of 
processes quickly simple modification in rules, 
Representatives of the enterprise, being on business trip, can 
get from any computer access to the corporate database and 
unpack the information necessary for success of negotiations. 
Crucial messages can act in real time even on a mobile phone 
or a pocket computer. 
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Abstract - Last more than two decades, model predictive 
controller (MPC) has been proved to be an advanced 
control strategy to regulate the process with large dead 
time and lag time. In the present paper, attempts are 
made to study the performance of neural network based 
predictive controller for a nonlinear chemical reaction 
system. The time-delay neural network (TDNN) has 
been used to simulate the nonlinear time-variant process 
undergoing the stochastic change in input. The 
potential advantage of feasible sequential quadratic 
programming (FSQP) for minimizing the relevant cost 
function has been utilized to solve for optimum control 
signal, Performance evaluation of the neuro-predictive 
controller has been carried out with reference to 
classical PI controller when both are subjected to set- 
point changes of stochastic nature. Situations with and 
without measurement delay have been presented. In 
both cases, neuro-predictive controller performs better 
than the PI controller with respect to stability nature, 
speed of response and ITAE. 


Key words — Predictive Control, Neural Network, 
Advanced Process Control. 


I. INTRODUCTION 


| cre. of advance process control (APC) 


Strategies and real-time optimization (RTO) in energy- 
intensive processes has yielded large savings in recent 
years. They have tremendous potentials and promising 
futures. Bennett et al. [1] examined the benefits of RTO in 
energy-intensive processes and reported that 75% of 
theoretical benefits can lead to the energy savings of 280 
trillion BTU per year. Qin and Badgwell [2] reported 
$220000 savings per year for energy when MPC was 
installed in distillation units of a polyvinyl chloride plant. 
Last more than two decades, MPC has been proved to be an 
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advanced control strategy to regulate the process with large 
dead time and lag time. MPC requires solving a sequence of 
continuous optimization problems that cater to 
minimization of cost function with equality constraints 
(process models) and inequality constraints as well. MPC 
has a series of advantages over classical PID control as 
illustrated by De Keyser [3]. Many investigators [3-7] have 
studied model predictive strategies in recent past. In 
general, MPC algorithm may described by the steps in 
sequences — (1) explicit use of a model to predict the 
process output at future time instants, (2) calculation of a 
control sequence minimizing a certain objective function 
and (3) at each instant, the receding horizon is displaced 
towards the future. Various functionalities in an MPC are 
shown in Fig. 1. Due to inherent limitations and limited 
uses of linear MPC, nonlinear MPC (NMPC) has been 
strongly felt in the most of the situations such as changes in 
set point during startup. More over, RTO schemes also 
generate varying set-points (targets) which are plant- 
economics dependent. Such cases of set-point change are 
well tackled using NMPC. This is because of the fact that 
changes in set point sensibly affect the process dynamics. 
Given the set-point change, processes that were believed to 
behave linearly shift to the region in which nonlinear 
dynamics becomes prevalent. One of the major difficulties 
for formulating NMPC is the identification of nonlinear 
processes. First-principle based model-identification 
involves assumptions that may not be valid when the 
systems undergo changes under severe transient conditions. 
The regression models may be formulated for nonlinear 
processes. But for wide operating conditions, a single 
regression model is not adequate; multiple regression 
models are required to be developed. In that case, one may 
encounter the operating conditions for which the empirical 
models have been formulated. Neural network model 
(NNM) has the ability to identify nonlinear processes with 
multiple inputs and outputs very efficiently and quickly 
compared to the mechanistic models. Control and 
identifications of various processes based on neural 
networks are available in literatures [8-11]. Neuro-model 
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based process optimization has been proved to be more 
efficient for nonlinear chemical processes [12]. 


Given the potential advantages of neural network based 
nonlinear MPC (NNMPC), attempts are made to formulate 
NNM of a nonlinear chemical reaction system for designing 
NMPC required for controlling the same. Performance 
evaluation of NNMPC has been carried out with reference 
to classical PI controller when both are subjected to set- 
point changes of stochastic nature. On the other hand, the 
effect of dead time on their performances has been studied 
to derive definite conclusions. 


Il. SYSTEM DESCRIPTIONS 


The reaction system is regulation of continuous stirred tank 
reactor (CSTR) as shown in Fig, 2 and as demonstrated in 
MATLAB 6.1 as a case study, in which the following 
reaction takes place under isothermal condition: 
B,+BOC (1) 
For which the reaction rate for B is given by the following 
kinetics: 
kC, (t 
(-r,)= meee (2) 
(1+k,C, (t)) 
In that case study, optimization method for deriving the 
control law has been modified by using FSQP The 
controller has been subjected to stochastic targets 
(references) at which the product concentrations have to be 
maintained. Inlet concentration of B; and B are Cp, and Cip 
respectively and the corresponding flow rates are W, and 
Wa W, was kept unchanged (W;=1.0) while W, was 
manipulated to maintain C, at CSTR outlet at desired value 
(reference). The reference has been changed stochastically 
to study its effect on the process and its regulation, which is 
very much frequent in real-time situations. The inlet 
concentrations are set to Cy = 24.9 and Ca = 0.1. The 
constants associated with the rate of consumption are k; = | 
and k= 1, and these are called reaction rate constants. The 
stochastic targets are the multiple pulses functions between 
a minimum value of 22 and a maximum value of 23. The 
with irregular frequencies were randomly generated. 


HI. MODEL EQUATION AND SOLUTION SCHEMES 


The following cost function has been minimized to solve 
for optimum control signal (u) which has been considered 
to be the manipulated variable (W2). This is because of the 
fact that the dynamics of the final control element has been 


incorporated in the present study. 
A. Cost function 
ly 2 | 
min =—[[C, -C,} +u? Jat 6) 
0 
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Decision making has been performed by using FSQP for its 
applicability in nonlinear optimization. The reasons behind 
choosing are manifold — (1) it minimizes any smooth 
nonlinear function, (2) it deals with any kind of nonlinear 
equality and /or inequality constraints, (3) it generates only 
feasible iterates, (4) the feasibility feature guarantees 
acceptable values of the manipulated variables, even if they 
are not quite optimal, and (4) it also helps in speeding up 
the convergence. We obtain the quadratic programming 
(QP) subproblem by linearizing the nonlinear constraints 
using quasi-Newton method because of the fact that QP 
minimizes a quadratic objective function that is linearly 
constrained. The sequential steps in FSQP are: 

(1) Updating the Hessian Matrix of the Lagrangian 

function 

(2) Quadratic programming solution 

(3) Line search and merit function calculation 
quadprog routine of MATAB has been used for the 
optimization in the present investigation. 


B. Actual CSTR (Plant) 

The CSTR plant caters to the nonlinear dynamics of liquid- 
holdup in addition to the concentration dynamics of reactant 
B. 


Liquid-holdup dynamics: 


dht) _ w(t) +w,(t)—0.2fh(t) 


4 
dt (4) 


h(t) is height of liquid in CSTR at any instant of time t. 


Concentration dynamics of reactant B: 


gGO wi(t) w) kGO 
at gy e OD TGR 


The plant-state information (C,) has been determined by 
solving the above stiff ODEs with the help MATLAB 6.1. 


C. CSTR Model - NNM 


The use of neural networks for non-linear process modeling 
and identification is justified by their capacity to 
approximate the dynamics of non-linear systems including 
those with high non-linearities or with dead time. In most 
applications, feedforward neural networks are used, because 
the training algorithm is less-complicated. The problem of 
obtaining the model of a dynamic system can be solved in 
two ways: (1) using a static neural network with external 
dynamics or (2) using a dynamic neural network. Usually, 
static neural networks are preferred, which requires that 
filters are applied on the network inputs in order to capture 
the real system dynamics. The filters usually consist in 
delaying elements and the network so formed is called a 
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time -delay neura! network (TDNN) (Dumitrache et al. 
[13}}. When it comes to non-linear models, the most 
general model that includes the biggest class of non-linear 
processes is the NARMAX model (Chen and Billings [14]). 
The neural NARMAX corresponds to a recurrent neural 
network, because some of the network inputs are past 
values of the network output. The structure of a TDNN 
intended for the present investigation is shown in Fig. 3. 
The neural network output C,(k) is a function of the filtered 
input and output signals (W2 and C,). The present TONN 
configuration is with input of Wz and output of Cp 
Numbers of delayed inputs and outputs are 2 and 2 
respectively while size of hidden layer is seven. trainim 
function of MATLAB has been used as network training 
function to update weight and bias values according to 
Levenberg-Marquardt optimization. The training data have 
been generated using maximum input of 4 while the output 
has been limited to a minimum value of 20 and a maximum 
value of 23. 


D. Convention PID control 


To compare performance of NNMPC and conventional PID 
algorithm, another closed-loop system has been studied, in 
which NNMPC has been replaced by PID block. It is 
important to mention that the derivative action has not been 
introduced because of stochastic nature of set-point 
variation, The derivation action under this situation 
amplifies the stochastics. Optimum setting of PI controller 
has been made using a unit step change. The optimum value 
of controller gain is set to be 5.0 while the reset rate is 0.9 
based on minimizing ITAE by subjecting the system to step 
change in reference. 


IV. RESULTS AND DISCUSSIONS 
A. Response of plant without time delay 


To study the response, both neuro predictive controller and 
PI controller have been subjected to stochastic targets. As 
mentioned earlier, the stochastic targets are the multiple 
pulse fluctuations between a minimum value of 22 and a 
maximum value of 23 and they have been randomly 
generated at irregular frequencies. However, at any time 
instant, magnitudes of targets are same for both the 
controller, Figs. 4a and 4b present the plant response with 
NNMPC and with PI controller respectively. They clearly 
show the difference in rise time and with NNMPC, rise 
time becomes less. This establishes the fact that the plant 
response becomes faster while being regulated with 
NNMPC. This has been possible due to the facts — with 
MPC, (1) process model has the ability to predict the 
process output at future time instants and (2) the future 
(postulated) control laws can be sequenced called receding 
horizon strategy and with this sequence, at each instant the 
horizon is displaced towards the future. ‘This involves the 
implicit application of the first control signal of the 
sequence calculated at each step into the real process and 
process model as well. Fig. 4c shows the variation of 
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manipulated variable W, (control signal in the present 
investigation) with time with PI controller and with 
NNMPC and the amplitude of fluctuation is higher with PI 
controller although the amplitudes of controlled-variable 
fluctuations with PI controller are not noticeably higher 
(Figs. 4a and 4b). So, one can anticipate that with increase 
in range of pulse-fluctuations of targets, stability-quality of 
the closed-loop system with PI controller degrades. Fig. 4d 
presents the ITAE ratio (defined by the ratio of ITAE with 
PI controller to ITAE with NNMPC controller). Initially up 
to approximately 20.0 s, the performance of PI controller 
does not look convincing. At the initial instants, the ratio 
becomes close to 6.0. This indicates that regulations of any 
startup process or any severe transients with classical PI 
controller are not economical.  / 


B. Response of plant with time delay 


The study of the effect of the time delay on the performance 
of the controllers has been made based on the 
understanding that all practical systems suffer from the 
measurement delay because of the long signal-path between 
the controller and the sensor. So, the numerical experiment 
has been carried out by introducing time-delay element on 
feed-back line. Small time delay of 0.2 s has been 
considered while the stochastic targets are the multiple 
pulse fluctuations between a minimum value of 22 and a 
maximum value of 23. Figs. 5a and 5b show the plant 
response with NNMPC and with PI controller respectively. 
The figures indicate that the performance of PI controller in 
this situation deteriorates by accumulating large amount of 
error and introducing instability into the system while 
NNMPC compensates well for the time-delay element and 
performs well by retaining the stability. Fig. 5c presents the 
variation of control signal with NNMPC and with PI 
controller. The fluctuations of the signal with PI controller 
are more severe than those with NNMPC. The performance 
comparison with PI contro! has been also made by plotting 
the ITAE ratio with time as shown in Fig. 5d. Initially, the 
ratio becomes close to 120 and at about 13.0 s, it reaches 
another peak of about 80. Although after 20.0 the ratio 
starts to decrease, it seems to settle at the value of about 
6.0. So, the overall results indicate that the performance of 
NNMPC in the situation of measurement delay better 
compared to PI controller and the later can not tackle the 
situation. It may be explained by the special features of 
MPC as mentioned in the previous section. 


V. CONCLUSIONS 


The present investigation attempts to compare the 
performance of NNMPC and PI controller for the nonlinear 
chemical in the event of stochastic reference trajectories 
with and without measure delay. In NNMPC, TDNN has 
been used and the optimization problem has been solved for 
control signal using FSQP. Optimum setting of PI 
controller based on ITAE minimization (by subjecting the 
system to step change in reference) has been used. In both 
cases, NNMPC performs better than the PI controller with 
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respect to stability nature, speed of response and ITAE. 2 
Although it is established that neural models better l 
represent nonlinear processes than mechanistic models do, 
the study in this regard for the process under investigation 
is required to be made. The analysis may also be made by 
subjecting the system to other kinds of reference trajectories 
such as step functions, Impulse functions and sinusoidal 
functions. As the study shows appreciable changes in 
dynamics of the closed-loop system by the effect of 
measurement delay, APC seriously needs intelligent sensors 
to exploit the full potential of APC [15]. 
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of Ceramic Material at X-Band Frequencies 
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Abstract- In the present paper an attempt has been made to 
develop a theoretical model for calculation of microwave 
absorption in ceramic materials at X-band frequencies. The 
microwave absorption coefficients are calculated on the basis of 
frequency, grain size, concentration of doping as well as sintering 
temperature. The exposure of microwave on the sample are 
taken as both for vertical and horizontal polarization. It is found 
that in case of vertical polarization the microwave absorption 
coefficients are larger than that of horizontal polarization. 


Keywords - Microwave Absorption, Horizontal Polarization, 
Vertical Polartzation ST-Sample Thickness 


I. INTRODUCTION 


IV bexewave dielectric in ceramic form has been 


exploited in application such as filters, resonators, circulators 
etc. During the past decade material composition have been 
developed to suit the single crystal system requirements for 
the HTSC thin film application in the microwave. Microwave 
dielectric material are widely used for application in the 
communication market. The advantage of microwave ceramics 
include high temperature stability, good power handling and 
the low insertion at higher frequencies. These features in 
combination with new ideals designs will be basis for 
continuing success of microwave ceramic in third generation 
of mobile communication. 


The microwave absorption behavior of ceramic materials plays 


an important for the use of ceramics as phantom materials in _ 


cellular mobile phone. The characterization and processing of 
electronic ceramic at microwave frequency range will be one 
of the important factor for classified the materials for use in 
cellular mobile phone. 


Therefore In the present paper an attempt has been made to 
develop a theoretical model for calculation of microwave 
absorption in ceramic materials at X-band frequencies. The 
microwave absorption coefficients are calculated on the basis 
of frequency, grain size, concentration of doping as well as 
sintering temperature. The exposure of microwave on the 
sample are taken as both for vertical and horizontal 
polarization. It is found that in case of vertical polarization the 
microwave absorption coefficients are larger than that of 
horizontal polarization. 


Il, GEOMETRY OF THE PROBLEM 


The geometry of the samples are taken as three layered in 
configuration upper layer, lower layer and middle layer. The 
upper layer is denoted as layer no.1 middle layer is denoted as 
layer no.2 and lower layer is denoted as layer no.3 as shown in 
fig.1.0. 


Layer No. 1 


Layer No. 2 





Layer No. 3 


Fig 1.0 : Geometry of the sample. 
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Gans (1) forO tt, for Layer | 
Gags (= Gans (2) fort, t t, for Layer2 

Oaps(3) fort. t t,for Layer3 
Where t is the thickness of the sample. 


S ans(!), Cans (2),0 aps G) are the absorption coefficients of 
the layer |, Layer2 and Layer 3 of the sample. 


TIL, CALCULATION OF ABSORPTION COEFFICIENTS 


(1+ [Es COS O - (Ussmpte E sample sin” 6) '7 
Í E Sample cos™H-(H sumpte E Sample 
-sin’ 0) °] )"/cos@) {( l-Esmpe `) 

H sampio -Sin B -c0s*0 ) 


Esample 
| Esampte * COS7O}] ( W"( - 2k,,0)/n! 


(6) 


For Ver Polarization 


The absorption coefficients of doped samples can be 
calculated using Integral equation model ( IEM)developed by 
Tsang et al (1985)[I]. The absorption coefficients can be 


written as [1] 


Oa = K2 Jexp (-2 K2) OP UI? QU 
(W° ( - 2k,,0)/n! (1) 


where I" pq = {( 2kz)" fog exp (-07k,”) 
+k’ zí [ Fpa (-k,,0) + Faq (k,,0)]}/2 } 


p.q = Vertical ( V) or Horizontal ( H) polarization. 
fop Fp = Kirchoff and Complementary field coefficients, 


dependent on the dielectric constant through the ee 


reflection coefficients. 


For computation of microwave absorption in ceramic 
materials at both for vertical and horizontal polarization the 
complex value of permittivity are taken as for Sample! and 
Sample2. 


The Fresnel reflection coefficients for vertical and ese cial 


polarization are defined as 


Fyv=2R ./cos0: Fy=2R,/ cosd 
(2) 


Fw (-k,,0) + Fw (k,,0)] 
= [Q sin’6 (1+ R.,,)/cos0){ ( 1-¢,') 
+ (£ p- sin? 0 -cos?@) /e,* cos*@}} (3) 


Fyn (-k,,0) + Fin (k,,0)] 
= [(2 sin’@ (1+ Rr)"/cos®){ ( 1-p,") 
+ (€ Hi, -sin 76 -1,cos?@ V pt,” cos? OH (4) 


Rau = [fe cos @ < £ - sin?@) 7} 
/ { & cos 0+(u, & - sin’6) PH 
Re = [{H, cos @ -(He €, - sin” @) "° } 
H{ pe cos O +-(y1, & - sin’) PH (5) 


where €& = Relative dielectric constant of sample, 
expressed as a ratio of the complex dielectric constant of 


upper and lower layer of samples. 

u = Relative permeability of sample. The Scattering 
Coefficients can be calculated using equation (1) , (2), (3) (4 
and (5). The absorption coefficients are calculated using both 
horizontal and vertical polarization. 


For Horizontal Polarization 
Oa = (KD exp ( -2 kz) o” {( 2k)" 
f,, exp (-o' kr ) + KOC sin’ 


The absorption coefficients of the sample 1, Sample2 and 
Sample3 are calculated using frequency varying from 4 GHz 
to 10 GHz and thickness of the sample are taken as 3mm to 
6mm. The result obtained are mentioned in table 2 and Table3 
for both vertical and horizontal polarization. It is found that at 
vertical polarization of microwave in sample interface will 
passes higher value of microwave absorption that for 


= (K°/2 exp ( -2 K°z) 0 {( 2k)" 

fpa exp (-0°k? 7) +k" )I[(2 sin" 
mae cos 8 -(M Sampie E sample 
~ SIN 20) 1 U sseaphe COS O +~(Ll simple 


Esmpe - Sin’ 0) '*]] '/cos®) { ( 1-€sampie `) 
+ (Essmple [sample sin“@ -cos*0) 
] Esempio 7 cos? 0} ( W" (- 2k sampio 0)/n! 
(7) 
where k is propagation constant depend on frequency k = 2xf 
C 


IV. NUMERICAL COMPUTATION 


Table 1 
Numerical value of Complex Permittivity for 
(ST= 3mm & 6mm) 


plex Permittivi 
a | Sample? 
La al 
j0. 255 j0. 214 
j0.212 j0. 2 12 
"E 
j0.201 i0.201 

















j0. 198 j0. 198 

„10. 182 0. 182 

j0.179 j0. 179 
a 

j0. 162 j0.162 


V. RESULT AND DISCUSSION 





horizontal polarization. 
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Table 2 
Microwave Absorption coefficients 
for Horizontal Polarization 
( ST= 3mm & 6mm) 


requency | Absorption 
Coefficients 


Samplel | Sample2 
(10. m? (10m? 





Table 3 
Microwave Absorption coefficients 
for Horizontal Polarization 
( ST= 3mm & 6mm) 
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Abstract—The most exciting recent development in nonlinear 
dynamics is the realization that chaos can be made useful in 
“Secure Communication". In the present work the phenomenon 
of secure communication with chaos masking has been 
investigated experimentally. In this investigation chaos which fs 
generated from two chaos generators (buck converter and boost 
converter) is masked with the message signal to be transmitted, 
thus enhancing the security in communication of the signal. This 
secure communication can also be useful in signal transmission of 
power system. 


Key words— Buck Converter, Boost Converter, Chaotic 
Signal, Secure communication 


I. INTRODUCTION 


Haos is a periodic long-term behavior in a deterministic 

system. It exhibits a sensitive dependence of a system’s 
dynamical variable on the initial conditions meaning that no 
two chaotic systems will evolve in the same way. Trajectories 
of two perfectly identical chaotic systems starting with nearby 
initial conditions diverge from each other exponentially. 
Synchronization of chaos means that the trajectories of two 
chaotic systems be locked to each other. Hence 
synchronization seems unlikely for two chaotic systems if 
trajectories start from initial conditions that differ slightly. 
Moreover, in practical applications the existence of noise 
(both internal and external) and system imperfect 
identification makes the hope of synchronizing two chaotic 
systems even more complicated. Nonetheless, it has been 
established that [1], [2], [3] synchronization of chaotic 
dynamical systems is not only possible but it is believed to 
have potential applications in communication. The strategy is 
that when we transmit the message to a friend, we mask it with 
louder chaos. An outside listener only hears the chaos, which 
sounds like meaningless noise. But if the friend has a magic 
receiver that perfectly reproduces the chaos, then he can 
subtract off the chaotic mask and listen to the message This 
synchronization is possible only when a similar chaotic circuit 
as that of sending end is fabricated. If the configuration circuit 


is secret, it is impossible to extract information from the 
transmitted message. 

Hence there has been growing interest in the possibility of 
synchronizing chaotic signals. This idea has been tested 
theoretically as well as experimentally in the variety of linear 
dynamical system including Chua's circuit and Driven Chua 
circuit [4]. Lai et al [5] demonstrated that applying small 
temporal parameter perturbation to one of them could 
synchronize two identical chaotic systems. But in all these 
methods, synchronization is possible without any message 
signal. Murli and Laksmanan [6] investigated the method of 
transmitting signal using chaos synchronization in Vander Pol- 
Duffing oscillator. But they transmitted very weak signal with 
chaotic masking. The synchronization is failed with high 
strength of message signal. These shortcomings have been 
overcome by K. Chakraborty et al [7], in their work, the 
synchronization and faithful recovery of message at the 
receiving end is independent of message signal strength. In 
that work, buck converter [7] has been taken as chaos 
generator. 

In the present work, to make communication more secured, 
buck converter and boost converter are chosen as chaos 
generator, both chaotic signals are synchronized and masked 
with message signal. 


YJ. BUCK CONVERTER CIRCUIT 


Buck Converter circuit is generally a chopper circuit that 
modulates input DC to output DC voltage at different levels. 
The input voltage is connected in series with an inductor and 
load resistance. There are two switches, (i) S is a controlled 





Recor in Integrator 


Fig. 1 Buck Converter Circuit 
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switch (realized by a transistor) and (ii) D is uncontrolled 
(realized by a diode). The controlled switch is in series with 
the input voltage and the uncontrolled switch is in parallel 
with the combination of inductor and load resistor. A capacitor 
is connected to smoothen the load voltage waveform (shown 
by the dash line in Fig.1), This is optional, and is not 
considered in the flowing analysis for the sake of simplicity 
When S is in the ON state, the diode is OFF and the current 
builds up through the inductor and load. When the transistor is 
OFF the current freewheels through the diode and decays. By 
properly choosing the switching frequency and inductor value, 
one achieves continuous current operation and the average 
output voltage is then given by, 
T 
Va z Vi epee (1) 
lat Lg 


where V,, = input voltage, Vow = output voltage, T,,and Tor 
= on and off times of the controlled switch. 

To control the switching through current feedback, the load 
current is sensed as the voltage across | ohm resistance 
connected in series with the load. The signal is integrated by 
passing it through a low pass filter. The output of the 
integrator is compared with a triangular wave voltage. The 
output of the comparator that compares the triangular wave 
and error integrator voltage is used to control the on and off 
period of the switch. When error integrator voltage is less than 
triangular wave voltage, the controlled switch is turned on, 
and current flows through the inductor and load. The 
controlled switch is turned off when error integrator voltage is 
greater than triangular wave voltage. At this instant the 
voltage across the inductor reverses its polarity and the current 
path completes through the diode and load. Consequently the 
stored energy in the inductor decreases and output voltage 
falls. When the integrator output voltage drops below the 
triangular wave voltage, the switch is turned on and the 
process continues. The choke is designed for linear inductance 
and a diode with negligible storage is employed. 

The system is governed by two sets of linear differential 
equation pertaining to the ON and OFF states of the controlled 
switch. The error integrator voltage and load current are taken 
as state variables. 

During the ON period, the equations are: 


di Va Ri; (2) 
d L L 

Wo ARAR Ri )\_ Ve g Ya (3) 
dt | CRR LJ RC L 
During the OFF period, the state equations are 

By (4) 
at L 

dv, R, +R, R, Ye (5) 
dt | CRR L) RC 


Though the equations are linear, bifurcation [7] and chaos appear 
in this circuit because of the switching nonlinearity. 


I. BOOST CONVERTER CIRCUIT 


Boost converter circuit like the buck converter circuit 
[Fig.2], is a chopper circuit that steps up the output DC 
voltage (Va) level as compared to its input voltage (Vm) level, 
that is, 

ae 
l-k 
where, ‘k’ is the duty ratio of the switch, In this work, a 
current controlled boost converter operating in continuous 
current mode is considered. 


Via (6) 


D1 
E T DIODE 





I ref 


clock 


Fig. 2 Boost converter circuit with current control feed back 


With this control logic the switch is turned on by the clock 
pulses that are spaced T seconds apart. When the switch is 
closed, the current increases until it reaches the specified 
reference value. The switch opens when I= Le. Any clock 
pulse arriving during ON period is ignored. Once the switch 
has opened, the next clock pulse causes it to close. 

The evolution of the state variable I and v, during the ON and 
OFF periods are described by the differential equations given 
below 





During ON period, 

di V 

a (7) 
d L 

dv, Y, 

NAA (8) 
dt CR 

During OFF period, 

di Va Me (9) 
d L L 

ave d_e (10) 

dt C CR 


These are linear equations but chaos is due to switching 


nonlinearity. 
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TV. COMMUNICATION WITH CHAOS MASKING 


In Fig.3, the massage signal s (t) is to be transmitted is added 
with output of error integrator and the output of the boost 
converter and buck converter. The resulting signals X (1) + X 
(2) + s (t) is used to compare the triangular wave at the 
transmitter end (Fig3). The same signal is transmitted through 
the communication channel. Now, the message signal s (t) is 
masked with chaotic signals X (1) and X (2). If one tries to 
get the message, he can not extract it because he does not 





R10 
variable 


Sending 
end 


ransmission 
lina 
s(t) 


RE 
variable 


RS 
1 oha 


U6 


a(t) 


know for what values of the parameters chaos appears in the 
buck and boost converters. 

At the receiving end (Fig.3), the transmitted signals X (1) +X 
(2) + s (t) is fed to the inverting input of the comparator. The 
circuit parameters and configuration of the buck and boost 
converter are same as those of the transmitter. Due to 
synchronization the receiver buck converter and boost 
converter also generates X (1) and X (2) respectively. Now 
subtracting X (1) and X (2) from X (1) + X (2) + s (t), the 
message signal s (t) is obtained. 


220 oh 
' 


SUM 


Receiving end 


ae 52 
1. 5u8 DIODE 
A? 
. c2 
= : $2 10 nF 10- ohms 
eee] 
okii 
i2 
clock > 
L4 D4 
1. SH DIODE 
y3 
meme LOY $1 Ci 40 ¢ 
10nP 


Fig.3 Secure communication Scheme 
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V. RESULT 
The proposed scheme is verified experimentally for 
sinusoida] wave and triangular wave. The results are shown 
in figs. .4.1, 4.2, 4.3, and 4.4. 


Styl +x(2) 


Fig. 4.1 Transmitted masked sine wave. 


Fig 4.2 Received sine wave 


xilda s(t} 


Fig. 4.3 Transmitted masked triangular wave 
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Fig. 4.4 Received triangular wave 


VI. CONCLUSION 


Earlier it was developed that message can be masked with 
chaos generated from one circuit i.e. from buck converter, In 
this investigation the chaotic signal is generated from two 
circuits i.e. actually more chaotic. So it is impossible to 
determine the chaotic signal for any person. Thus the 
communication is said to be “secure”. This method of secure 
communication can be useful in power system, to send some 
confidential data or signal from one power station to another. 
Though many methods have been propounded to accomplish 
the above mentioned task but this method of masking the true 
signal with the chaotic signal has an edge above all the other 
methods because a very skilled hand is needed to break open 
the true signal from the chaotic signal. Separation of true 
signal can not be achieved by simple jugglery. 
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Abstract-—-This paper presents a new demodulation scheme 
suitable for extracting the envelope from amplitude-modulated 
signals in an ultrasonic transmitter-receiver system. The DFT, 
FFT, Sliding DFT and Goertzel filters are some signal processing 
algorithms, which can be used for demodulation. In this paper 
the Sliding DFT based demodulation scheme is proposed, which 
exhibits smaller computational complexity. The Sliding DFT 
computes the N point DFT on time samples within a moving 
window of width N. The SDFT structure has comb filter cascaded 
with a digital resonator, which resonates at a chosen harmonic 
frequency. The z-domain SDFT transfer function has N number 
of zeros and one pole on the unit circle in z-plane. The angular 
location of the pole within the unit circle sets the resonant 
frequency. To present the detailed functioning of this 
demodulator, a carrier signal modulated by a low frequency sine 
wave with d.c. bias has been used. The demodulator in the 
receiver, located at the targeted distance is required to 
reconstruct the envelope, devoid of the d.c. signal. The received 
signal is to be amplified and rectified prior to demodulation. The 
Slidmg DFT algorithm which is basically a tumed filter can 
extract the envelope from the rectified signal. In the simulation 
presented, the 128-point SDFT driven at a sampling frequency of 
6.4kHz had been studied to extract a 50Hz envelope from a 
40kHx ultrasonic signal. If necessary, the d.c. and the harmonics 
present in the envelope can also be extracted by additional SDFT 
blocks. Simulation and Experimental results are presented to 
show the performance of the SDFT based demodulator. ‘The 
SDFT scheme was studied in the MATLAB-Simulink 
environment. Experimentation of the real time performance of 
the demodulation scheme was studied in a setup built around a 
Stratix-FPGA device. 


Key words-—Demodulation, Sliding DFT, AM Signals, SDFT 
based Demodulator. 


I. INTRODUCTION 


IFFERENT techniques are available to extract the 
A envelope from the amplitude modulated (AM) signal, 
with precision. Processing the Amplitude Modulated (AM) 
signals of ultrasonic transmitter-receiver systems has been 
particularly a very difficult task. Envelope detectors used for 
such AM signals usually consists of a bandpass filter followed 
by a nonlinear element and a low pass filter. A non-linear 
envelope detector, termed as the quadratic filter-demodulator, 


for band-pass sampled AM signals has been reported, which 
requires the sampling frequency to be four times the carrier 
frequency [1]. Simple envelope detectors using a half wave 
rectifier and filter are used in radio receivers, but fail in some 
conditions like over modulation and non-sinusoidal envelope. 
At the worst case, when the message signal is a square wave, 
this envelope detector shows ripples and negative clipping. 
Another drawback of the envelope detector is that the input 
must be band-pass filtered around the desired signa] frequency 
or else the detector will simultaneously detect several signals. 
It is also very susceptible to noise. Envelope detection can 
also be done by the squaring and low pass filtering method. 
The Hilbert transform procedure has been used in speech 
signal processing. A novel scheme for the transmission of 
blocks of digital data, based on the SDFT has been proposed 
for communicating in multi-path acoustic channels and the 
performance has been evaluated through computer simulation 
in [2]. The paper being presented, describes a new method for 
demodulating AM signals using the Sliding DFT algorithm. 
The Discrete Fourier Transform (DFT), Fast Fourier 
Transform (FFT), Sliding DFT (SDFT), Goertzel filtering are 
popular signal processing algorithms used for spectral 
analysis. The order of computational complexity differs for 
each algorithm and it is O(N*) for DFT, O(N log, N) for FFT, 
and O(N) for SDFT{[3]-[S]. Sliding DFT is computationally 
efficient and computational complexity is low. This paper is 
organized as follows. Section II describes the Sliding DFT 
algorithm. The proposed demodulation scheme is discussed in 
Section IIL Numerically Controlled Oscillator (NCO) is 
described in Section IV. Simulation and Experimental results 
are presented in Section V and VI. The Conclusions are 
presented in Section VII. 


H. SLIDING DFT 


The Sliding DFT computes N point DFT on time samples 
within a sliding window of width N. The SDFT algorithm can 
be expressed as, 

X,(n) =1X(n—1)— x(n—N) + x(nyJel2**/N (1) 


where x(n) is input signal, X, is DFT of x(n), N is window 
width and k is bin index. The SDFT computes the N point 
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Fig.! Sliding DFT Structure for the k bin 


DFT for a single bin (k), centered at an angle 6, = 27k/N rad, 
on the unit circle, which also corresponds to the cyclic 
frequency (k f, / N) Hz. The bin index k is O Sk <N and f, is 
the sampling frequency. The SDFT procedure is not self- 
starting. However, a FIFO stack of size N could be filled with 
phantom-data like zeroes and the DFT set to zero initially. The 
SDFT transfer function in the z domain, 
gee (l-z7Ny (gi ZBkiNy 


The SDFT transfer function can be split into real and 
imaginary parts, Re{H(z)] and Im[H(z)] and written as, 


(2) 


neor e etaa (3) 
1—2cos(2xk/N)z°4+z~ 
mmoj (sin @nk/N)) (4) 


{~2cos(2nk/N)z +z" 





Real axıs 
Fig. 2 Pole Zero map of Sliding DFT 


The transfer function has N number of zeros and one complex 
pole. The SDFT structure is a cascade connection of comb 
filter and digital resonator. The comb filter has N delay 
elements. The digital resonator contains recursive and non 
recursive part. Fig.1 shows the Sliding DFT Structure for k® 
bin. Re[H(z)] and Imf[H(z)] generates the sine and its 
orthogonal signal, cosine signal respectively. Fig.2 shows the 
pole zero map of SDFT in z plane. For example, for the case N 


= 48, the number of zeros lying on the unit circle is 48; and 
k = | shows the complex pole which cancels the zero at an 
angle of 2n/N rad. The comb filter delay of N samples forces 
the SDFT filter’s transient response to be N-1 samples in 
length. It will reach steady state only after N samples. Bin 
index k sets the resonant frequency of the resonator. If k = 1, it 
resonates at the fundamental frequency present in the given 
input signal, In the z plane, the complex pole cancels the zero 
at that location thereby tuning to give only the fundamental 
frequency while rejecting all other frequencies present in the 
input. This property of SDFT has been used for designing a 
demodulator to extract the envelope from the AM signals. 


M. DEMODULATION SCHEME 


A sinusoidal carrier signal A, sin (@¢t) is generated, where 
A; is the amplitude of the carrier signal and o% is angular 
frequency of the carrier. The message signal which is to be 
transmitted is Am sin (Omt), where Am the amplitude of 
modulating signal and Om is angular frequency of modulating 
signal. The transmitting signal can be written as, 


Vi) =(14+ m Am sin(omt)] A, sin(@ct) (5) 





Fig. 3 The Proposed Demodulation Scheme based on SDFT 


where m is the modulation index. The detected modulation 
signal is amplified, rectified and then passed as the input signal to 
SDFT block, bin-1, which is at the receiver. SDFT block bin-I 
extracts the envelope from the AM signal. If we use another 
SDFT bin 0, for de (k = 0), it can extract d.c. from the AM 
signal. Fig.3 shows the proposed demodulation scheme based 
on SDFT. In the case of over-modulation by a sine wave, 
(modulation index m>1), the envelope gets distorted and its 
difficult to extract the sine wave using the envelope detector 
which is a rectifier followed by a low pass filter. However, the 
SDFT based demodulator can extract the sine-wave envelope 
from the over-modulated AM signal. At the worst case the 
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modulating signal may be a square wave, and the SDFT based 
demodulator can extract the fundamental corresponding to the 
square wave, from the square wave modulated input signal. 


IV. NUMERICALLY CONTROLLED OSCILLATOR 

The Numerically Controlled Oscillator (NCO) generates the 
sampling pulses required for driving the SDFT blocks. The 
control input to the NCO is œ, where, @= cos y, -1<a< l; 
y = 2nf,/feng; fs is the output pulse frequency of the NCO and 
fena is the fixed enabling frequency, 25.6kHz. For the 
condition, Y = 1/2, œ = 0. The enabling frequency fens = 4 fj. 
The difference equation obeyed by the NCO is, 


x(kt+1){ | a a—I}}x,(k) o i m 
E = at+l a x(k) x (0) =1; x,(0) =0; 





Fig. 6 Block dingram of SDFT Demodulator 
The network diagram of numerically controlled oscillator [6] 
is Shown in Fig.4. The I/O characteristic of the NCO is shown . 
in Fig.5. For a 50Hz message signal and a window width N = 
128, the frequency of the sampling pulses produced by the 
NCO is 6.4kHz, when it is enabled by 25.6 kHz clock. The 
maximum Output frequency of the NCO is 12.8 kHz, which 


corresponds to the absolute input signal-frequency limit of 
100Hz. The NCO center frequency can be altered to suit the 
message signal range. Here NCO is designed to give out 
pulses corresponding to the center frequency of 50 Hz, a = 0, 
so that the sampling pulse frequency is 6.4 kHz, 
corresponding to a perfect fit for a 50 Hz signal in a window 
of width 128. Fig.6 shows the block diagram of SDFT 
Demodulator. Both the SDFT bin-O and bin-!, receive their 
sampling pulses from the same NCO, as shown in Fig.6. 


V. SIMULATION RESULTS 
A carrier signal of 40 kHz is generated and discretized with 
a sampling frequency of 256 kHz to avoid aliasing effects. A 
50 Hz message signal is generated and discretized at 6.4 kHz. 
A d.c. bias is added to the message signal and is multiplied 
with carrier using a conventional multiplier. The received 
signal is rectified and passed to the SDFT block. This program 
was developed in DSP Builder MATLAB-Simulink 
environment, The SDFT bin- extracts the d.c. and the bin-1 
the fundamental component of the envelope. 
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Fig. 7 (a) Rectified AM signal withm<1. (b) Extracted d.c. and Envelope 
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Fig. 8 (a) Rectified AM signal with m = I. 
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Fig. 9 (a) Rectified AM signalwithm>1. (b) Extracted dc. and Envelope 


Fig.7 (a) shows the rectified AM signal with modulation index 
m < 1. Fig.7 (b) shows the extracted d.c., envelope by the 
proposed SDFT demodulator. It can be seen from Fig.7 (b) 
that the SDFT Demodulator takes N samples or one complete 
cycle of the envelope to settle. Fig.8 (a) shows the AM signal 
with m = |. The extracted d.c., envelope is shown in Fig. 
8 (b). The settling time is about 0.02 sec. The AM signal with 
m > I is shown in Fig.9 (a). The extracted d.c. and envelope 
by the SDFT demodulator is shown in Fig.9 (b). It is seen that 
the proposed scheme works well for over-modulated signal 
with some magnitude error but the phase coincides with that 
of the reference signal. The proposed scheme works well for 
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the worst case of a square-wave message signal, shown in 
Fig.10 (a). The extracted d.c. and the fundamental 
corresponding to the square wave are shown in Fig.10 (b). The 
frequency response of SDFT filter is shown in Fig.11. The 
magnitude plot shows the rejection of all the frequencies 
present in the input except the fundamental component. 
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Š o 

a -1 ei 

lS oa ouo aso a 00 0.04 0.06 0.08 0.1 
(a) Time(sec) —» Sa eat 


Fig. 10 (a) Rectified Square modulated signal 
(b) Extracted d.c, Fundamental Component. 
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Fig. 11 Bode Pint of SDFT Block 





Fig. 12 Rectified AM signal and its Envelope 


VI. EXPERIMENTAL RESULTS 


A 40kHz-carrier signal was generated and modulated by a 
message signal of 50 Hz. The Sliding DFT bin-1 (k =1) has 
been designed with window width of N = 128, so that the 
50Hz signal fits exactly into the window. Therefore, the 
sampling frequency has been chosen as 6.4 kHz, which is 
provided by the NCO. The programs were developed in DSP 


builder MATLAB-Simulink environment [7]. The program 
was downloaded into the Stratix FPGA board, running at 


‘80MHz-clock frequency. The rectified signal at the receiver 


and extracted envelope are shown in Fig.12. The SDFT 
hardware resource utilization is: five 21-bit gain blocks, two 
2-input 20-bit adders, one 3-input 30-bit adder, two 30-bit 
delay elements, one 20-bit gain element and a 20-bit delay of 
depth 128. 


VII. CONCLUSION 


A new demodulation scheme based on SDFT has been 
proposed. Simulation and Experimental studies were 
conducted to evaluate the performance of proposed scheme 
for extracting the envelope of AM signals. The SDFT 
demodulator acts as a tuned filter for extracting the 
fundamental component, while rejecting all other harmonic 
frequencies present in the envelope of the AM signal. This 
scheme works well for the over-modulated and square wave 
modulated signals. The demodulation scheme is proposed to 
be used in extracting the envelope of AM signal in an 
ultrasonic range measurement system. 
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Abstract Photonic crystal waveguides can be used to guide 
light around sharp bends with little or no loss of energy. This 
makes them possible candidates as components in optical 
integrated components which are thought to be the building 
blocks in future photonic applications. Traditional photonic 
waveguides are created by making line defects (W1) in the 
perfect periodic crystals and thereby creating paths in the 
structure to which the flow of light fs confined. 

We have investigated the properties of TM polarized Hpht 
and optimized a waveguide bends that is implemented in 
planar photonic crystal (PC) with triangular lattice symmetry. 
The in-plane guiding within the planar PC structures is based 
on a W1 defect waveguide. The most promising structure was 
simulated with a 2D-FDTD program (Finite Difference Time 
Domain), where we achieved transmission efficiency that peaks 
100 %. Such propagation has not previously been 
experimentally confirmed. 


Key words——~ Finite difference Time Domain (FDTD), 
periodic structures, photonic crystals, waveguide modes. 


L INTRODUCTION 

HOTONIC crystals have inspired great interest recently 

because of their potential ability to control the 
propagation of light. They can modify and even eliminate 
the density of electromagnetic (EM) states inside the crystal 
[t, 2]. Such periodic dielectric structures with complete 
band gaps can find many applications, including the 
fabrication of lossless dielectric mirrors and resonant 
cavities for optical light [3]. 

In this paper, we demonstrate a novel method for 
guiding light around sharp comers, using photonic crystal 
waveguides. This method is based on the one hand on the 


modification in the geometry at the corner and the other 
hand on the use of the absorbing boundary conditions 
proposed by [4] which reduce reflection from PBG 
waveguide ends to under a few percent. 

The FDTD method [5] has been widely used to study 
EM properties of arbitrary dielectric structures. 
In this method, one simulates a space of theoretically 
infinite extent with a finite computational cell. To 
accomplish this, a number of boundary conditions such as 
Berenger’s Perfectly Matched Layer (PML) [6], have been 
proposed that absorb outgoing waves at the computational 
cell boundaries. Applications of the FDTD method are to 
simulate photonic crystal waveguides, however, pose 
unique difficulties. While reflection from a PML boundary 
is minute for a traditional dielectric waveguide substantial 
reflection from the boundary is observed if a PBG 
waveguide is terminated so, on the order of 20% - 30% in 
amplitude [7]. Such reflection introduces unphysical 
reflected (parasite) pulses which may significantly 
compromise the accuracy of the simulated response. 
Reflected waves introduce interference and result in large 
errors in transmission measurements. 


If. FINITE DIFFERENCE TIME DOMAIN METHOD 
(FDTD) 
For a linear isotropic material in a source-free region, 
the time-dependent Maxwell’s equations can be written in 
the following form: 


oH -| vxE (1) 
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Where efr), u(r) and olr) are the position dependent 
permittivity, permeability, and conductivity of the material, 
respectively. In the two dimensional case, the fields can be 
decoupled into two transversely polarized modes, namely, 
the E polarization and the H polarization. These equations 
can be discretized in space and time by a so-called Yee-cell 
technique [8]. The following FDTD time stepping formulas 
are spatial and time discretizations of equations (1) and (2) 
on a discrete two-dimensional mesh within the x-y 
coordinate system for the E polarization [9], 





























n 
u+/2 4, yn-t2, At 2114) 3 
Zinj Xda Je /2 u Ay (3) 
1,j4t/2 
n n 
aH/2 n~-/2: At E, i+1,J -E, Li 
Yhel/2y Yinl/2,3 Hizi Ax 
-0 ,At/2 
z T oj H 
et, Arla 
ae n+/2 atl/2 at/z \ (5) 
r At "say Hyhi Hazli H yl; i172 
oy +0, jà! dy 


Where the index n denotes the discrete time step, indices i 
and j denote the discretized grid point in the x-y plane 
respectively. At is the time increment, and Ax and Ay 


are the intervals between two neighboring grid points along 
the x and y directions, respectively. Similar equations for 
the H polarization can be easily obtained. 

It can be easily see that for a fixed total number of times 
Steps the computational time is proportional to the number 
of discretization points in the computation domain, i.e. the 
FDTD algorithm is of order N. The FDTD time-stepping 
formulas are stable numerically if the following conditions 
are satisfied [9]. 


a S (6) 


eyAx~2 + Ay~2 


Where c is the fastest peed of the light in all the materials 
involved in the simulation (In FDTD program, we always 
choose c be the speed of the light in vacuum). Thus, 
smaller At , this means even longer calculation time. 

The number of total time steps should be chosen 
carefully, too. For pulse propagation, the total time steps 
should be larger enough, in order to allow the pulse passes 
the detectors. In particular, when the simulations involve 
cavities, the number should be sufficiently large. 
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IW. BOUNDARY CONDITIONS 

One approach to eliminate errors due to reflected pulses 
has been to increase the cell size such that the useful and the 
parasite pulses can be separated [7]. This approach, 
however significantly increases the computational cost in 
terms of memory and time. Special care must be taken to 
separate well the pulses since due to interference the error is 
proportional to the amplitude, and not to the power, of the 
reflected pulse. In addition, in the case of steady state 
simulations, or when a high-Q resonance is involved, it 
becomes impractical or even impossible to separate the 
reflected signal amplitude from the useful one. In the 
previous paper [4], Attila Mekis et al. demonstrate that it is 
possible to reduce the reflection amplitude from photonic 
crystal waveguide ends to a few percent by using a k- 
matched distributed Bragg reflector (DBR) waveguide. This 
provides a simple means to reduce the computational costs 
associated with simulating PBG waveguides. In our work, 
we use this concept of absorbing boundary conditions to 
obtain an efficient 90° bend structure based on triangular 
lattice. 


IV. DESCRIPTION OF THE PROPOSAL 
STRUCTURE 

The specific structure that we investigated is a 90° sharp 
bend formed by the intersection of two PC channel 
waveguides at 90° in an otherwise uniform photonic lattice. 
We assume a square (figure(la)) and triangular (figure(2a)) 
lattices of air holes etched in a dielectric substrate, with 
refractive index n = 3.24, having filling factor of 39 %. 
Since we want to use this device around 1550 nm we 
calculate the lattice constant to be 430 nm and obtain 
therefore a hole radius of 141.9 nm, respectively. The 
structure is assumed to be bidimensional; i.e., the air holes 
are infinitely long, the 2DPC (two Dimensional Photonic 
Crystal) supports a photonic band gap in the region 0.203 < 
c/a <0.35 for TE (Transverse Electric) polarized light. 

In the design process, we use 2DFDTD (two 
Dimensional Finite Difference Time Domain) simulation. 
This technique is powerful and versatile, and has been 
introduced and adapted to optical waveguide devices [10, 
7). In FDTD very small time step size must be used because 
both the carrier and the modulated envelope are included in 


the wave propagator. 


V. RESULTS AND DISCUSSION 

The cartography of the magnetic field Hz in the square 
geometry structure and the transmission and reflection 
spectra are shown in figure (1b) and (Ic) respectively. We 
note that the transmission reached a value of only 40% 
(reflection 98%). The reason for this very poor transmission 
is twofold. First, a large fraction of the power is lost to 
radiation or reflected backward due to mode mismatch at 
the corner of the sharp bend. Moreover, the poor 
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transmission originates from modal mismatch at the 
junction. 1n fact, if the incoming mode has space to expand 
in the junction area, it excites a higher mode with odd parity 
that is either very lossy or cannot propagate in the output 
waveguide, so most of the incoming light is reflected and 
transmission is poor. Therefore, the excitation of modes 
with odd parity would act as a loss mechanism for the 90° 
sharp bend. Our conclusion is therefore as follows: the 
transmission through a junction depends strongly on the 
relationship between the modes of that may propagate in the 
PC waveguides and the modes of the junction are not 
compatible with those of the waveguide, transmission will 
be poor. The resulting cartography is a mixture of the 
stationary mode on the level of the bend and propagative 
wave (figure (1b)). 

To improve matters, the obvious choice is to modify the 
junction region and the geometry lattice. By removing hole 
at the centre of the junction, we curve the sharp bend, thus 
eliminating multimode effects. 
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(c) 
Fig.}. (ay 90° bend structure based on the “square lattice”, (b): 
Magnetic Field amplitude distribution, (c); The transmission 


spectra. 


Using the novel numerical scheme (figure(2a)) for the 
reduction of spurious reflections from photonic crystal 
waveguide ends and the reflections induces at the corner of 
the sharply bend, then clearly increase the bandwidth and 
power transmission, as directly observed in our, 
comparative, simulations of a 90° sharp bend in square 
lattice and triangular one. This solution has been compared 
to a several previous independent works. 

For specific wavelengths we can achieve 100 percent 
transmission (figure (2c)) efficiency is that the photonic 


crystal waveguide be single mode in the frequency range of 
interest and we see, also, in this figure that the curve of the 
transmission of the waveguide WI and the one of the 
optimized 90° are identical . The figure (2b) shows clearly 
that the light is confined around the sharp bend, and it can 
be seen that the radiation has been vanished compared with 
figure (1b). 

The mechanism that explains the good transmission 

behaviour of this sharply bends is that the factor of the 
triangular geometry has caused an important shift of the 
PBG (Photonic Band Gap) towards the big wavelengths 
compared with the square geometry. This phenomenon is 
due mainly by the fact that the triangular geometry does not 
let pass the electromagnetic wave on the one hand, and on 
the other hand, it has a prohibited frequency bands whatever 
the polarization of the light. The frequency bands are 
numerous for the two polarizations TE and TM. Their width 
reaches the maximum when the diameter of the holes is 
nearly equal to the distance between two close holes. 
Lattice geometry, especially the symmetry of the lattice is a 
very important factor to determine the band gap. Detailed 
study needs group theory [11]. The choice of lattice 
geometry is determined by other factors: the band gap 
requirement (polarization, band gap width), available 
material, the difficulty of fabrication, etc. As a general rule, 
if the first Brillouin zone is close to a circle; then the 
structure is easier to produce a complete band gap. 





(c) 
Fig.2. (a): 90° bend structure based on the” triangular lattice”, (b): 
Magnetic Field amplitude distribution, (c); The transmission 


spectra. 
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VI. CONCLUSION 


While performing a simple sensitivity analysis based on 
FDTD code, we have obtained an efficient method for 
improving the frequency response of 2DPC devices. In 
particular we have applied this technique to a simple 90° 
sharp bend waveguide emerging from an underlying 2DPC 
with square lattice symmetry. A single optimization step has 
already obtained nearly zero reflection over almost the 
entire PBG. This technique can easily be extended to other 
2DPC properties for optimization purposes, because key 
problem in the design of future integrated optical devices is 
how to balance ease of fabrication with the reduction of 
radiation losses, 

In conclusion, the triangular lattices photonic crystals 
are the best candidates and are more suited to realize 
components in optical integrated with accuracy than the 
other one. So the large and complete band gap which 
appears in this kind of lattices leads to the perfect 
confinement of light in photonic crystal waveguides bends, 
which can dramatically increase the percentage of 
transmission that are required for the efficient performance 
of optical integrated circuits. 
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Abstract—Quadrature Phase Shift Keying (QPSK) serves as a 
useful digital modulation technique in various mobile 
communication systems. The quality of modulation is one of the 
important factors to govern the performance of the mobile 
system. In this paper, we have presented the study of different 
parameters of QPSK modulation, for various roll-off factors of 
the demodulation filter using Vector Signal Generator, Spectrum 
Analyzer and Vector Signal Analyzer software. 


Key words—-CDMA, Eye pattern, Error Vector Magnitude 
(EVM), Inter Symbol Interference (ISD. 


J. INTRODUCTION 


PSK and its different modifications like offset QPSK (0- 

QPSK), 2/4-QPSK Differential QPSK (DQPSK), 2/4- 
DQPSK etc. serve as useful modulation techniques for IS-95 
CDMA, CDMA-2000 and W-CDMA mobile communication 
system. In-phase and Quadrature (IQ) and QPSK modulations 
are two important aspects of digital communications because 
they can perform multi-format modulations [1]. When a 
modulation technique is used in a mobile communication, the 
performance of the system depends on the modulation quality 
of the particular modulation scheme employed. 

To asses the modulation quality of a digital modulation 
technique, we need to study various parameters related to it. 
Again in a digital transmission system, selection of a proper 
digital demodulation filer, with a proper value of roll-off 
factor alpha (a) is important since it limits bandwidth and 
reduce Inter Symbol Interference (ISD. 

In this paper we have measured different parameters such 
as, Error Vector Magnitude (EVM), Magnitude Error, Phase 
Error and Signal to Noise Ratio (SNR) for different values of 
demodulator filter roll-off factor (a) and shown the variation 
of each of them with demodulator filter a. Constellation, I-Q 
and Eye diagram have also been recorded for various values 


of demodulator filter a. 


Il, QPSK MODULATION AND ITS DIFFERENT PERFORMANCE 
PARAMETERS 


A. IQ Modulation and QPSK 


In most communication systems, the transmitted signal can 
in general be represented by 


s(t) =P {I(t) cos œt- Q(t)sin q.t} (1) 


Where P represents the transmitted signal power, I(t) and 
Q(t) the in-phase and quadrature baseband data modulations, 
and œ, the carrier frequency. The cos œt term is typically 
referred to as the in-phase (I) carrier and the sin @,t as the 
quadrature (Q) carrier. Antipodal signals are constructed by 
setting Q(t) = 0 and I(t) = +p, (t) for OStST. Alternatively. 
I(t) can be written as 


10) = Ý a, p,@-kT) (2) 
Å m —en 


Where & = + | representing the binary random data and 
p(t) is the base-band in-phase pulse of duration T seconds 
[2]. 

In case of QPSK, I(t) = +p (t) and Q(t) = +p (t) for kT S t S 
(k+1)T, independent of each other. Alternatively, QPSK can 
be represented by (1y with I(t) given by (2) and 


N= > b, p, t+ kT) (3) 
ius 
Where b, = +1 representing an independent binary data 
stream. For kT S tS(k+1)T, s(t) can be written as 
s(t) = /2P cos( @.t+@,) (4) 
Where 8k = tan-1 (bk/ak) = 1/4, 37/4, 5x/4, 72/4, radians 


[2]. This is indicated by geometrical representation of QPSK 
as shown in fig. 1. 
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Fig.1: Signal Space Representation of QPSK Signals 


In Fig.l, the points in signal space corresponding to each of 
the four possible transmitted signals are indicated by four 
‘dots’ designated by ‘a’, ‘b’, ‘c’ & ‘d’. They correspond to 
n/4, 37/4, 52/4 and 77/4 radians of phase angle respectively 
[3]. 


B. Band-limited digital transmission and Inter Symbol 

interference (ISI) 

In digital transmission, when rectangular pulses are passed 
through a band limited channel, the pulses will spread in time, 
and the pulse for each symbol will smear into the time 
intervals of succeeding symbols. This causes Inter Symbol 
Interference (ISI) and leads to an increased probability of the 
receiver making an error in detecting a symbol. One obvious 
way to minimize ISI is to increase the channel bandwidth [4]. 
In contrast, mobile communication systems operate with 
minimal bandwidth and need to transmit a greater number of 
bits per second in a given bandwidth to make the system, 
bandwidth efficient or spectrally efficient. 

Nyquist derived the minimum channel bandwidth 
requirement for digital transmission. Nyquist’s minimum- 
bandwidth theorem states that if synchronous impulses, 
having a transmission rate of fs symbols per second, are 
applied to an ideal, linear-phase brick-wall low pass channel 
having a cut-off frequency of fx = fs/2 Hz, then the responses 
to these impulses can be observed independently, that is, 
without ISI [5]. 

The ideal minimum bandwidth Nyquist channels are not 
realizable. So to define more practical channel characteristics, 
Nyquist introduced a theorem on vestigial symmetry in which 
he added a skew-symmetrical, real-valued transmittance 
function Y(w) to the transmittance of the ideal low-pass filter 
to maintain the zero-axis crossings of the impulse response. 
These zero-axis crossings provide the necessary condition for 
ISI-free transmission [5]. 


Raised Cosine and Root Raise Cosine filters satisfy the 
vestigial theorem and thus offer a practical channel with ISI- 
free transmission [5]. The amplitude response of Raised 
Cosine filter is given by 
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(5) 
Where w = 2nf and a is the channel roll-off factor. In equation 
(5) tf we replace the term 


‘JT, a(1— a) 
COS 145 a a 


by its square root, we get the amplitude response of Root 
Raised Cosine Filter. 


Roll-off factor (a) of a filter has an important effect on ISI. 
For a = 0, an unrealizable minimum-bandwidth filter having a 
bandwidth equal to fy = 1/2T, is obtained. For a = 0.5, a 50% 
excess bandwidth is used, whereas for a = 1, the transmission 
bandwidth is twice the theoretical minimum bandwidth [6]. It 
is obvious that high value of roll-off factor (a) will reduce the 
effect of ISL But for a fixed data rate, use of more bandwidth 
will reduce the bandwidth efficiency and hence the spectral 
efficiency. So selecting a suitable filter with proper roll-off 
factor (a) is necessary for efficient digital transmission. 

Eye diagrams or eye patterns are frequently used in the 
evaluation of channel and signal imperfections. Thus Eye 
patterns could be used as a measure of ISL As the effect of ISI 
increases, the Eye opening reduces. 


IN. MEASUREMENT OF DIFFERENT PARAMETERS OF QPSK. 
MODULATION 


In this paper we have presented the study of different 
parameters of QPSK modulation, which governs the 
modulation quality of the system. To achieve this, we have 
used Agilent E4438C 250KHz-3GHz ESG Vector Signal 
Generator, Agilent E4405B 9KHz-13.2GHz ESA-E series 
Spectrum Analyzer, together with Agilent 89600 Vector 
Signal Analyzer (VSA) version 5.30 software. 

To generate the QPSK modulated signal, we have selected 
following parameters in Vector Signal Generator: pn-sequence 
of length 63 with symbol rate 25 Ksps as the base-band signal, 
Root Nyquist filter as the pulse shaping transmitter filter with 
a value of 0.2 and 1OMHz frequency with 0dBm amplitude as 
carrier. 
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For digital demodulation, we have used Agilent E4405B 
9KHz-13.2GHz ESA-E series Spectrum Analyzer, together 
with Agilent 89600 Vector Signal Analyzer (VSA) software, 
where Raised Cosine and Root Raised Cosine filters have 
been selected as Reference filter & Measurement filter 
respectively in VSA software. 

We have measured different performance parameters such 
as, EVM, Magnitude error, Phase error and Signal to Noise 
Ratio (SNR) with the variation of demodulator filter alpha (a), 
keeping the transmitter filter alpha at a fixed value of 0.2. 
Constellation, I-Q and Eye diagram have also been recorded 
for various values of demodulator filter alpha. The whole 
measurement has been repeated for another two fixed values 
of transmitter filter alpha as 0.35 and 0.5. 


TV. MEASUREMENT RESULTS 


Variation of EVM, Magnitude error, phase error and SNR 
with demodulator filter alpha are shown in Fig.2, Fig.3, Fig.4 
and Fig.5 respectively. In each Fig., curve-I is plotted for 
transmitter filter alpha of 0.2, whereas curve-II and curve- 
correspond to curves for transmitter filter alpha of 0.35 & 0.5 
respectively. 
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Fig.2: Variation of EVM with demodulator filter alpha. 
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Fig.4: Variation of Phase Error with demodulator filter 
alpha. 
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Fig.5: Variation of SNR with demodulator filter alpha. 
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Fig. 2, Fig.3 and Fig.4 show that minimum values of EVM, 
Magnitude Error and Phase Error occur for the values of 
demodulator filter alpha of 0.2, 0.35, and 0.5 for curve-I, 
curve-II and curve-[II respectively, as it is expected 
theoretically. In Fig.5, we get maximum value of SNR for the © 
value of demodulator filter alpha of 0.2, 0.35, and 0.5 for 
curve-I, curve-II and curve-III respectively. These figures also 
guide us to select a suitable demodulator filter with a proper 
value of alpha, which require minimum values of EVM, 
Magnitude Error, Phase Error and maximum value of SNR for 












better digital transmission. 
Fig.6, Fig.7 and Fig.8 show the I-Eye diagrams for + 
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Fig. 10: I-Q diagram for demodulator filter alpha of 0.5 
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Fig.11: I-Q diagram for demodulator filter alpha of 0.9 


Fig.6, Fig.7 and Fig.8 show the effect of demodulator filter 
alpha on I-Eye diagrams. They show that as demodulator filter 
alpha increases, eye patterns become better and effect of ISI 
reduces. The results of Fig.9, Fig.10 and Fig.l! show that as 
demodulator filter alpha is increased, there are smaller 
overshoots in the trajectories between the symbol points. This 
limits the required peak power and reduces the transmitter 
power requirement 


V. CONCLUSION 


This paper provides the detailed study of different 
performance parameters like, EVM, Magnitude Error, Phase 
Error, SNR, Eye diagram and I-Q diagram. All these 
parameters can be treated as the useful performance criteria to 
govern the modulation quality of QPSK transmission. This 
study can also be used as a powerful tool for the performance 
analysis of a mobile system in which QPSK modulation is 
used. 

Our work can also be extended in future to study the effect 
of transmitter pulse shaping filter roll-off factor on the quality 
of QPSK modulated mobile communication system. Study on 
different types of transmitter pulse shaping filter would help 
us to select a proper transmitter filter with a proper value of 
roll-off factor for effective digital transmission in mobile 
communication system. 
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The Role of Measurement Automation on 
Accident Prevention and Industrial Safety 


T. K. Mitra 


Deptartment of Applied Physics, Univenity of Calcutta, Kolkata, India 


Abstract— Industrial safety and safety engineering have assumed 
a very significant role now a days. In the early days of safety 
engineering it is used as a means of protection against any failure 
or breakdown of electrical apparatus and systems. So it is used as 
a tool against accident prevention. The primary task of safety is 
to perform measurement of a process parameter using suitable 
sensor. The measured parameter is now compared against set 
points or a limited range of high and low parameters, Called 
limit check when unsafe condition is detected the audiovisual 
alarm is activated. The accident prevention has a great role in 
saving human life and costly apparatus and also has a great role 
for better environment, The selection of parameter and its 
continuous measurement and monitoring is a vital key of success 


for safety engineering. In the present paper some aspects of 
intelligent sensors and safety interlocks for better safety have 
been discussed. 


I. INTRODUCTION 


HE task of measurement is parameter estimation. The 

measurement can be carried out by direct method or by 
indirect method of comparison of the unknown specimen 
against a known reference standard. The indirect method is 
widely accepted as a better method with more reliability and 
accuracy. The output signal from the indirect method of 
measurement is now made computer compatible through 
interface and signal conditioning circuit. The control program 
in the computer will perform the task of measurement. The 
hardware as well as inclusion of SCADA features in the 
software will offer considerable flexibility in the configuration 
of the system. The inclusion of signal processing algorithms 
has added new dimensions in measurement using intelligent 
sensors. The transformation of classical measurement into 
intelligent measurement took many years from conception of 
ideas upto implementation of the system. The modifications, 
changes and perfections are going on so that a better working 
platform is developed. The system has many applications in 
the safety engineering aspect, which can be considered as a 
very useful tool to offer a better environment. Some useful 
application examples are discussed in the following sections. 


I. APPLICATION EXAMPLES 


One group of safety circuits operates only when there is a 
breakdown or unsafe condition in the circuit or in the process. 
For this purpose some safety parameters are chosen or selected 
which are continuously monitored by the computerized 
measurement system. The selected parameter may be over 
current or undercurrent, over voltage or under voltage 
overheating and / or earth leakage current etc. As an 
illustrative example temperature monitoring system for safety 
applications is further discussed. The sensor selected is 
thermocouple. The sensor is connected to the computer 
through interface and signal conditioning circuit. The circuit 
will also have provision for cold junction compensation for 
ambient temperature. The above system can use temperature 
and temperature gradient as safety parameters for overheating 
protection. This system has excellent dynamic characteristics 
but have poor response in the starting characteristics. The zero 
millvolt is a valid signal from the thermocouple. Again 
repeated heating and cooling of the thermocouple may result 
in broken thermocouple leads. In the event of broken lead the 
thermocouple output will also be zero millivolt., This is 
definitely a false signal. A d.c. biasing circuit through the 
thermocouple is created as a silent watchdog. In the event of 
broken lead a large bias voltage is automatically transferred to 
the computer, which will trigger the safety Interlock. 


Apart from relay as a sensing device for safety applications 
interlock circuits also play a very significant role in safety 
engineering. The interlock circuits have an excellent 
application in railway signal engineering. Train movements in 
the station section is protected by safety interlocks. The track 
occupation by a train is detected by track relay. The railway 
signal cannot give clear aspect yellow, double yellow or green 
aspect unless concerned track relays are clear, the points are 
set and locked, the routes are set and locked. These interlocks 
ensure safety in train movements not only in the station 
section but also in the block section. The interlock circuits 
prevent any unsafe condition of operation where as relays and 
protection system respond only after a breakdown has taken 
place and shut down the system to prevent accident. 
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Another vital area of safety engineering is condition 
monitoring and diagnostic engineering. The vibration sensors 
will measure the vibration parameters, viz, acceleration, 
velocity and displacement of vibration. The time plane as well 
as frequency plane response are used to detect any deviation 
of the vibration characteristics from the normalcy. These 
characteristics play a very significant role in making advance 
prediction about any forthcoming failure. This branch of 
safety engineering has also been used as a very vital tool for 
accident prevention. Sometimes the advance warning about a 
forthcoming failure gives the opportunity to reschedule the 
load before the actual shutdown of the machine. Hence user 
inconvenience may also be minimized. 


The relay engineering also has gone through a revolution. 
The signal processing capability has resulted in calculable 
relays or intelligent relays. The computer can now take 
decision based on calculating the performance equation on the 
real time data or the processed data. In addition back up 
protection is also sometimes added to act like a second line of 
defence in case the primary relay fails. This is more expensive 
und shut down is over more wide area. In biomedical 
engineering there had been occasions a remote earth fault can 
produce unsafe conditions for a patient undergoing routine 
test and measurement in case the measuring instruments are 


not properly grounded. 


DI. DISCUSSIONS 


Originally role of safety engineering is in between 
occurrence of breakdown and prevention of accident. The 
primary task is parameter selection and continuous estimation 
of the parameter for safety check. Due to addition of computer 
entire dimension of measurement engineering has changed, as 
typical application example rise in temperature as well as rate 
of rise of temperature are very useful parameters for 
overheating protection. The decision-making job may do by 
set point or limit check. Similarly vibration parameters are 
used for advance detection of failure in the rotating machines. 
Or warning of approaching trains at unmanned level crossing 
gates. A patient undergoing bio-electric signal recording may 
be exposed to shock hazard due to a remote earth fault 
provided the recording and bio-medical instruments are not 
properly grounded. Similarly in addition to step changes in 
voltage the change of voltage gradient may be used for better 
safety against track occupation by a train. 


IV. CONCLUSIONS 


The IS 18000 group has given us the guidelines of 
occupational health and safety management systems. The 
previous concept was allow a breakdown to take place and the 
relay interlocking will intervene and prevent accident. The 
better approach will be identify the hazard, assess the risk and 


control the risk. The computerized measurement and signal 
processing is one of the very effective platforms or tools 
which can identify parameters, monitor the parameters and 
generate advance predictions about any forthcoming failures. 
This form of condition monitoring can ensure better standards 
of industrial safety. 
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Abstract— Power Electronics has become one of the very 
important areas and is all set to expand its application areas in 
the near-future. This paper reviews the nature of developments 


taking place and shows that the involved technologies are 
changing at a rapid pace from a power device based technology 
to a control algorithm based technology. Today, sipnificant 
developments in non-power-electronics areas are catalyzing 
spontaneous development in power electronic converters for 
those specific areas, making the future of Power Electronics truly 
multi-disciplined and multi-solutioned in nature. 


I. INTRODUCTION 


wer Electronics is one of the fastest changing technology 
today, having gone through dynamic changes in the last 
several decades. Power Electronics, as the name suggests, can 
be considered as “The technology associated with the 
conversion, control and conditioning of electric power from 
its available form to the desired electrical form, by the 
application of electronics”. However, Power Electronics has a 
history that is much older than many of us realize today. That 
is, if. the basic aspect of ‘conversion, control and conditioning 
of electric power’ is considered, ‘Power Electronics’ can be 
traced back decades before the solid-state era. The solid state 
era, which has accelerated automation in industry, has led to 
increased R&D in Power Electronics, in order to meet the 
demands of increased productivity and improved product 
quality. Thus, the technologies involved have been going 
through constant change, depending on the demands of its 
diverse and ever-expanding application area. Today, 
significant developments in non-power-electronics areas are 
catalyzing spontaneous development in power electronic 
converters for those specific areas, making the future of Power 
Electronics truly multi-disciplined and multi-solutioned in 
nature. 
Power Electronics has been important because of its several 
features : 
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e Conversion of electrical energy from one 
form to another of choice. 
Smooth control of electrical power flow. 
High efficiency involved in the above 
processes. 

e High reliability of the controlling system. 

e Compact size of the controlling system. 

The above features are also partially available in a system of 
magnetic control elements, that are static in nature. Thus, they 
are also included into the area of Power Electronics, more 
because they are the predecessors of modern day solid state 
control and have led the way towards development in power 
electronics. 


Il. HISTORY 


The earliest recorded events that laid the foundation stone 
for Power Electronics dates back to 1883, when the Selenium 
Diode was used by C T. Fritts as a rectifier, followed by the 
development of the 3-phase bridge rectifier circuit (Graetz 
circuit) in 1897. The development of vacuum tube diodes 
came in about the turn of the century, thus it should not be 
overlooked that semiconductor technology in some form did 
exist before the era of vacuum tube devices. Peter Cooper 
Hewitt demonstrated the glass bulb mercury arc rectifier in 
1901. The rectification property of the thermionic diode was 
used for the first time in 1904 by J. A. Fleming for the 
reception of radio signals. However, the invention of the 
three-element thermionic vacuum tube in 1907 by L. DeForest 
paved the way for a venture into controlled conversion. 

Another landmark in the history of Power Electronics was 
created in 1912 when E. F. W. Alexanderson of the General 
Electric Company, USA, applied for a patent on a method for 
modulating the current from a high frequency alternator so 
that it could be used for radio telephony, using the concept of 
a magnetic amplifier. Through this technique, several tens of 
kilowatts could be controlled, while vacuum tubes could 
control only a few tens of watts! Thus, one can say, ‘Power’ 
Electronics went into real high power through magnetic 
amplifier technology. 
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World War I and the decade of 1920 witnessed a great 
growth in vacuum tube technology such that they soon 
dominated the low power application field. The period 
between 1926 and 1933 saw the introduction of the gas-filled 
‘Thyratron’ and the mercury-arc ‘Ignitron’, both of which 
brought in controllability to very high power using gas and 
vapor-controlled rectifier technology. In both these, an 
unidirectional current flows with low voltage drop, only after 
a signal applied to a third electrode allows the gas-discharge to 
start. In the Thyratron, the grid ts used to prevent the initiation 
of an arc between anode to cathode until a pre-selected time. 
In the Ignitron, a pulse of current through the third electrode 
(igniter) initiates a cathode spot on the pool of mercury after 
the pre-selected delay. Throughout the 1930’s and the 1940's, 
the popularity of tube-controlled rectifiers increased and the 
term ‘Industrial Electronics’ was being used to describe the 
high power application of electronics for purposes other than 
communication. World War H catalysed research and 
development in power control on a scale unthinkable earlier 
and was responsible for creating some of the basic concepts of 
power conversion used today. The earlier popularity of 
magnetic amplifiers slowly declined, even though R&D 
continued on magnetic amplifiers using magnetic cores with 
non-linear characteristics. Low frequency push-pull inverters 
were developed using gas-filled tubes. Even electro- 
mechanical ‘Vibrator’ technology, using a spring-loaded, 
magnetic material as contact piece for an electromagnet (using 
similar principle as of a classical calling bell) was developed 
for use in inverters needed to step-up battery low voltage to 
the much needed higher de voltage for operating valves for 
field wireless communication systems. Application areas 
expanded while converter power levels shot up. For example, 
in 1930, the New York subway installed a 3MW grid- 
controlled mercury arc rectifier for de drive. In 1931, German 
Railways introduce mercury grid-controlled Cycloconverters 
for traction drive of Universal motors. In 1934, the first 
variable frequency ac drive was installed at Logan Power 
Station, USA, for a 400hp synchronous motor used in ID fan 
drive, using thyratrons. 

The era of solid state semiconductor control was 
theoretically initiated by the invention of the ‘Transistor’ in 
1948, but was really triggered off by the commercial 
availability of the Silicon Diode in 1956 followed by the 
Silicon Controlled Rectifier (SCR) (a member of a class of 
semiconductor devices that was named as ‘thyristor’) in 1958. 
After this, technology developed with new enthusiasm using 
the new tools and came to be known as ‘“Thyristor 
Technology’. The SCR revolutionized Power Electronics and 
led to the development of non-fragile, high voltage, high 
current, smaller size, smaller weight, efficient equipment for 
widespread application. Switching times of SCR’s was much 
smaller than gas-filled tubes and thus switching frequency 
went up to about a kHz, bringing in new switching based 
concepts like that of PWM inverters. 


Accelerated automation in manufacturing, material handling 
and process industries, demanded improved efficiencies and 
reduced maintenance. On the other hand, products had a 
growing demand for portability, compactness and automated 
features, Thus, most of the technological developments have 
been triggered off by the development of newer power 
semiconductor devices, one after another, in the following 
decades. In-spite of its advantages, the application of SCR’s to 
controlled tum-off circuits has the disadvantage of the 
associated commutation circuit, thus increasing the size and 
cost of the equipment. Further, the trapped energy in the 
commutation circuit causes severe problem of voltage stress 
across the device and reduces circuit efficiency due to 
additional loss of energy. The feature of its ability to latch 
with a small energy pulse at its gate is also one of its 
disadvantage, reducing system immunity to mal-operation due 
to noise. Thus, considerable R&D efforts were concentrated 
on the development of better power semiconductor devices. 
Toshiba Corporation of Japan introduced high power rated 
‘Giant Transistors’ in early 1970's that eliminated the 
commutation circuit, improved noise immunity and improved 
efficiency of the converter. Very soon, the ‘Power 
MOSFET’s’ was released in late 1970's by International 
Rectifier of USA, which permitted self-commutation at: very 
high frequencies like 100 kHz, something unthinkable earlier, 
even though the power ratings were small. The Gate Turn Off 
Thyristor (GTO) was released by Japanese companies in early 
1980’s, which presented latching device like SCR but with 
gate controlled turn-off feature that eliminated the 
commutation circuit. Very soon, the closest-to-ideal device 
was released in mid 1980's in the form of the Insulated Gate 
Bipolar Transistor (IGBT) by General Electric of USA. The 
IGBT needs very low drive power, is self-commutating and 
can switch at reasonably high frequency. All these new power 
semiconductor devices, available in a wide range of voltage 
and current, made Power Electronics an economically 
attractive option within the next two decades, leading to its 
widespread acceptance. After the IGBT, hardly any 
significantly new power semiconductor has made it to 
widespread commercial market except the Integrated Gate 
Commutated Thyristor (IGCT) from ABB, Sweden, in mid 
1990's. This is mostly because technology can be said to have 
become saturated, so that new devices with better performance 
cannot be evolved. However, considerable improvements in 
the performance of existing devices are evolving at a rapid 
scale. 

One of the largest application of power electronics during 
the last half century has been in the field of adjustable speed 
motor drives, which has been a necessary pre-requisite for 
numerous industrial processes. The easily controlled dc motor 
has been the most commonly used variable speed power 
source in this connection. However, its commutator and 
brushes make it unable to satisfy the demands for reliability 
and low maintenance, especially in hazardous & corrosive 
environments and locations where access to motor for 
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servicing is restricted. Although ac machines with it superior 
characteristics have been with us for over a century, they were 
traditionally used as a fixed speed drive along with mechanical 
or electro-mechanical speed variators. 

Some of the complicated methods of speed vanation 
like pole-changing, cascade connection, Scherbius & Kramer 
drives, were also used. Special motors like Repulsion motor 
and Schrage motor achieved speed control through easy 
mechanical movement of a wheel mounted on it that shifted 
the brush positions of these ac commutator motors. The phase 
controlled rectifier was used for speed control of de drives 
since the end of 1920°s and the phase controlled 
cycloconverter was used to control the speed of ac motors 
(over limited range) since early 1930's, it was the availability 
of large power solid state devices that brought in the era of 
solid state speed control of ac motors in the 1960’s. The ac 
motors used in variable speed drives are normally subjected to 
non-sinusoidal voltages and currents, which have two 
additional effects : additional harmonic power loss and torque 
pulsations. To overcome these problems, the concept of 
Sinusoidal PWM was evolved in the late 1960's. Since the 
1970's, ac motor control technology drew growing interest to 
researchers, due to the development and application of new 
control strategies that could yield performances unthinkable 
before, started by the introduction of Vector Control or Field 
Oriented Control. These complicated control strategies could 
be commercially implemented in the 1980’s due to the 
availability of higher switching frequency devices like Bipolar 
Power Transistors (and later, IGBT’s) and the ease of 
implementation through microprocessor based digital 
techniques. 

The availability of high frequency switching devices since 
the 1970’s brought in a whole lot of controlled power 
converters into widespread applications, like the Switching 
Power Converters. They started replacing linear controllers in 
existing designs simply by virtue of their drastically reduced 
size and increased efficiency. Soon, they have started 
replacing phase controlled SCR converters since they offer 
better power factor on the ac power line. Awareness of the 
effect of harmonics and poor factor in the ac power line 
created the need for regulations an guidelines for the 
consumers in several countries in the late [980’s. This, in 
itself, has prompted development of improved performance 
switching power converters that draw almost sinusoidal 
currents at near-unity power factor from the ac line. For 
existing converters, another static switching circuit used as a 
means of correction for the line power factor and/or the 
current waveshape, have been extensively put to commercial 
use since the late 1990's. 


TL FUTURE TRENDS 


Power Electronics converters have gone through several 
changes in the last few decades, moving towards high 
frequency switching technology. This was made possible by 
the availability of power MOSFET’s in the lower power range, 
IGBT’s in the higher power range and IGCT’s in the extreme 
high power range, making devices like Bipolar Power 


Transistors and Inverter-grade SCR’s obsolete and pushing 
other SCR’s towards restricted application in ac line 
commutation only. No new power semiconductor device ts 
expected to evolve in the near future, but existing device 
characteristics will go through substantial improvement, 
which is already started. Although silicon will continue as the 
major semiconductor material, new material (like silicon 
carbide) are expected to play a significant role in the future 
power devices, reducing the on-state voltage drop as well as 
the switching times. The technology of device packaging will 
go through further improvements so that still higher power 
devices will be available without any problem in their thermal 
management. Soft switching techniques will have increased 
application, but is not expected to replace the hard switching 
techniques totally in all applications for still some time to 
come. . 

Power Electronic converters have a much wider application 
area today than earlier, covering products from mobile phone 
chargers, PCs/Laptops, TV sets, air-conditioners, industrial 
drives, static VAr compensators, HVDC transmission, etc. 
This application area is expected to grow immensely, such that 
by the turn of the decade, it is expected that about 20% of the 
total electrical energy consumed will be controlled through 
some form of power electronic converter. On the power rating 
of an individual converter, compared to the earlier dominance 
of industrial and traction application, power generation, 
transmission and distribution will become the largest. Power 
electronics is finding increasing application in the latter area, 
being termed as ‘FACTS’ or Flexible AC Transmission 
System, ‘Power Quality’ and ‘Custom Power’. The need for 
efficient power conversion has been appended with the need 
to prevent power line disturbances, resulting in development 
in new topologies and techniques. The traditional SCR phase 
controlled HVDC converters and Static VAR Compensators 
are being replaced by high frequency switched, high power 
IGBT based converters. With the growing interest in 
Renewable Energy sources like wind & solar power as well as 
the concepts of Distributed Generation, its interconnection to 
the grid has to depend upon power electronic converters, 
which have been developed to take care of these application. 
One major application area of power electronics developed 
today is Lighting Control, having evolved from the need for 
higher efficiency ballasts for various types of lamps. Today, 
development in LED technology has triggered the 
development of specifically designed power converters for use 
with LED lamps for a wide range of application from traffic 
signals to low power lighting. Aircrafts, ships and electric 
vehicles are today moving towards “More Electric” concepts, 
where many of the traditional hydraulic systems are expected 
to be replaced by electrical actuators with power electronic 
control. Alternators connected to the driving shafts directly 
need power electronic converters to control its output voltage 
and frequency inspite of shaft speed variations. 

The trend in variable speed motor drive is towards the use 
of the Induction and Synchronous Machines in various forms. 
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In this context, the concepts of Space Vector PWM, 
Multilevel Inverters and Multi-phase motor drives are gaining 
wider publicity for commercial implementation. Several 
application areas that used constant speed drives (like air- 
conditioning) are opting for variable speed drives in the near 
future for efficient performance. Artificial Intelligence (Expert 
System, Fuzzy Logic, Artificial Neural Network and Genetic 
Algorism) are the control algorithms of the future. Motor drive 
converters based on phase control will become obsolete and 
will be replaced by ones with excellent input power factor. 
Very little change is expected in the design of the motors, but 
new applications will demand the motors to be built in new 
shapes. For example, electric vehicle motors designed to drive 
the wheel directly is needed to be built in the shape of the 
wheel hub, A torpedo motor ts expected to have its rotor on 
the outside, in the shape of the propeller itself. 

Power Electronics will be increasingly controlled through 
digital technology based on high speed computing, for several 
reasons other than the ease of implementing complicated 
algorithms for better performance. Low cost competitive 
systems will use is for compactness, minimum settings during 
production and prevent direct duplication by competitors. 
Industrial power converters will use it for fault diagnostics, 
data logging and remote control/monitoring over telephone 
line. Thus, on one hand, single package microcontrollers are 
fast becoming an integral part of the power electronic 
controller in simple systems due to their ease of programming 
and inbuilt A to D converter at input. DSP Controllers are 
taking over the more complex ones due to their better 
computational power. However, the future prediction is that 
digital controllers for power electronics will be mostly based 
upon gate array technology, more on CPLD technology than 
of FPGA. ; 

The future will see more of simulation and analytic too! 
applications in order to understand fully the behavior of a 
power electronic converter even before it is physically 
realized. This process speeds up R&D and removes 
unexpected problems while developing/designing a system. 
Several methods of analysis are being applied, ranging from 
Orthogonal Functions, Wavelets and Chaos. Several effective 
simulation tools are already available commercially, like 
SIMULINK. 


IV. CONCLUSION 


Power Electronics has a long history of evolution and has 
today become a major, multi-disciplined subject. The trend is 
moving distinctly towards high frequency switching 
converters, fuelled by the development of high performance 
semiconductor power devices. The need for efficiently 
controlled power with good quality in a form not readily 
available is creating an ever-increasing diversity of its 
application area. Digital Control is the tool of the future to 
implement high performance control algorithms in power 
electronic converters with reliability and ease. 
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Abstract——— With the development of semiconductor technology, 
it has recently become possible to fabricate laterally defined 
nanostructures, such as quantum well, wires and dots. Properties 
of electrons in such structures have attracted a wide interest 
because of their importance both in physics and device 
applications but nanodevices have some limitations. Again, 
integrated circuits devices with low power consumption, high 
operating speed and high integration density equipments are 
financtally indispensable in modern electronics. Single electron 
device is one such device. Recent advancements in the field of 
nanotechnology have made it possible to isolate, control and 
exploit the properties of an electron at single-spin level. This has 
brought us closer to the realization of single-spin logic where a 
single electron, placed in a magnetic field, is utilized as binary 
logic device. 


L INTRODUCTION 


peed of Computers and Communication equipments has 

been the fascinating feature now-a-days due to 
development of very fast switching semiconductor devices [1- 
4}. Since the response of the system depends on the motion of 
the conduction electrons of the devices used in the device has 
been found essential in the context of today’s growth in the 
field of electrons [5].In the childhood of VLSI technology 
power consumption was not the essential criterion for 
consideration. In fact power consideration has been the 
ultimate design criterion in special potable applications such 
as wristwatch, laptop/notebook computer and space makers 
for a long time. The objective in these applications is the 
minimum power for maximum battery lifetime. A major 
creative challenge facing today circuit and system VLSI 
designers is to design new generation products, which 
consume minimum power [6-9]. 


However power saving must be achieved without 
compromising high performance or minimum chip area. High- 
speed operation and designing with minimum area, specially 
in memories, are the main design constraints. The state of the 
art scaling is approaching and these are unsolved problems 
such as the number of electrons in the active region of the 
devices. If this number is reduced to less than 10 electrons 
(holes), quantum fluctuation errors will become too small to 


block quantum mechanical tunneling which may result in 


unacceptably large leakage currents. On the other hand, the 
recent evolution of technology may provide opportunities for 
novel devices, which may solve these problems. As a 
consequence, the search for the new principle of the small size 
devices is becoming more and more important. 

At present there are two main branches of the proposal on 
the suitable operation principles, so called “quantum 
electronics devices” and “single electron devices”. It is natural 
to expect that quantum effect will play an important role in 
ultra small electronic devices. However, fragility of the 
quantum effects causes the very serious doubt that they could 
be used for VLSI of the post CMOS era. There are inherent 
limitations of quantum devices like: (i) material and process 
related limitation, (ii) power limitation (iii) wiring limitation, 
(iv) quantum mechanical limitation and (v) system architecture 
limitation [10,11]. 


I. NANODEVICES 


Device dimension is an important parameter so far speed of , 
device is concerned. Low dimensional structures, also called 
nanostructure, provide opportunities to realize high speed, low 
power consuming devices. System parameter optimization for 
estimating the better performance of a low dimensional, low 
power consuming and high frequency devices of desired 
characteristics is very important during fabrication. 
Downloading of the minimum feature size of complementary 
metal -oxide semiconductor (CMOS) transistor is the basis for 
advancement in the ultra-large scale technology. 
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The quantization of electron motion in systems of reduced 
dimensionality brings about different features in the electron 
kinetics compared with the usual three dimensional electron 
systems. Material parameters, the external applied field and 
the lattice temperature play a crucial role in predicting the 
device performance. The values of the parameters can be 
optimized to get the desired response from a device. Further, 
modern sophisticated technologies have made possible the 
fabrication of a variety of new quantum devices with tailored 
system parameters. System parameters are optimized for a 
particular biasing field to get the desired ac mobility in the 
millimeter wave frequency region and can be used to analyze 
the experimental data when they appear in the literature. The 
application of GA will enable the technologists involved in 
the fabrication to predict directly the system parameters for a 
device to be operated at a desired frequency with required ac 
mobility. 

The basic intention of this work is to determine the 
optimized system parameters of GaAs, (In,Ga)As and GaN 
quantum/nano structures for efficient low power consuming 
high frequency nanodevices suitable for  ultradense 
VLSYVULSI circuits. The optimized system parameters 
presented here, predict the better performance of nanodevices 
in the microwave and millimeter wave regime and can be used 
to analyze the experimental data when they will appear in the 
literature. The optimized system parameters will surely save 
the search time for the technologists involved in the 
fabrication of high frequency low dimensional semiconductor 
nanodevices. It is possible to choose the best parameters for a 
desired high frequency response of a particular material. The 
present GA based technique enables the technologists to 
determine the system parameters directly to get the desired 
properties and can be utilized during fabrication. 


OI. SINGLE ELECTRON DEVICES 


The generality and the robustness of the effect and the 
relative simplicity of the device structure make the single 
electronics the most likely candidate for future ultra dense 
digital circuits. Single electronics is a newly emerging field of 
rapidly growing interest both scientifically and from the point 
of view of applications to modern and future electronics 
because of their ultra low power consumption, highly dense 
and high switching speed [10-12]. Single electron devices that 
allow manipulation of individual electron are ultimate form of 
the electron devices. Their potential integration level is 
obviously extremely high due to its small size. Extremely low 
power operation solves some of the instability and reliability 
problem. The speed power product is predicted to lie close to 
the quantum limit set by Heisenberg uncertainty principle. The 
processing speed of such device will be nearly equal to 
electronic speed. The exquisite sensitivity is about five orders 
of magnitude better than conventional solid state MOSFET 
transistors. The integration density is much higher than 
available in the existing VLSI/ULSI circuits. Single electron 
devices hold out the promise of being the successor to present 


day technologies due to their unique principle of operation, 
quantum nature of carrier transport, ultra-small size and low 
power dissipation. All the logical circuits starting from NOT 
gate to CPU of a digital computer can be realized using 
SEDs[13-15]. To substantiate our statement, a SED based 
sequence generator circuit is designed implemented and 
verified by computer simulation. 

The sequences to be generated [Fig.1] are of two sections 
labeled present state and next state. The present state 
designates two states of flip-flops before the occurrence of a 
clock pulse, whereas the next states of flip-flops after the 
clock pulse. 





Fig]: Sequence to be generated 


i ns X 


4 





B(t+1) 


Fig2: Sequential Circuit 


The sequence circuit is designed using conventional digital 
circuit design technique. However, the design steps are not 
shown for brevity of the paper. The present and next states are 
shown by A(t), B(t) and A(t+1), B(t+1) respectively. The final 
designed circuit employing the single electron transistors is 
shown in Fig. 2 and the timing diagram is shown in the Fig. 3. 

where A(t+1) = A(t}®(B(t) eq(t)) 


B(t+1) = B(t}Bq(t); 
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Fig3: Input output waveform of sequence generator circuit 


IV. SPINTRONIC DEVICES 
Until recently, the spin of electron was ignored in 


mainstream charge-based electronics. A technology was - 


emerged called Spintronics (Spin transport electronics or spin 
based electronics), where it is not the electronic charge but the 
electron spin that carry information, and this offers 
opportunities for a new generation of devices combining 
standard microelectronics with Spin-dependent effects that 
arise from the inversion, between spin of the carrier and the 
magnetic properties of the material [16-18]. 

Recent advances in nanotechnology have made it possible 
to isolate, control and exploit the properties of an electron at 
the single-spin level. This has brought us closer to the 
realization of ‘single-spin logic’ where a single electron, placed 
in a magnetic field, is utilized as a binary logic device. The 
two non-degenerate orthogonal spin states of the electron 
(parallel and anti-paralle! to the magnetic field) encode the 
classical bits O and 1. The logic signal (or spin state) is 
communicated between neighboring devices via the exchange 
interaction between the nearest neighbor spins, without the 
~ need for physical wires. The communication is made 
unidirectional (i.e. the logic signal flows from the input stage 
to the output stage and not the other way around) by 
sequentially clocking the successive cells using a three-phase 
clock. 

The advantages of this paradigm are extremely low 
dynamic power dissipation during switching, ultra-high gate 
density, and relatively fast processing speed. Spin is also 
somewhat immune to noise since it does not couple easily to 


stray electric fields. More over, spin polarization can be - 


relatively long-lived entity in a quantum dot. Spin flip times> 
us have been measured in InP quantum dots [19-21] and they 
could be even longer in organic semiconductor quantum dots 
made of 7F-conjugated polymers [27-28]. This is conductive 
to fault-tolerant computing. The probability of a random spin 
flip event occurring in a time T is 1-e-TIT. If this probability is 
sufficiently small, say less than 3%, than it is possible to 
correct for bit errors caused by random spin flips using 


sophisticated error correcting algorithm [22,23]. Thus the 
clock period T needs to be ~3% of the spin-flip time, or about 
30.8. If we use a clock frequency of 50 GHz, then the error 
probability during a clock cycle is a miniscule 2x107, which is 
easily handled by error-correction algorithms. Therefore, 
single-spin logic can yield practical low power and high 
density computing capability. [24,25]. 

Hence researchers are in a frame of mind to articulate this 
technology in every sphere of life. Using single spin logic, we 
have tried to design and implement a sequence generator 
circuit and tested it with computer simulation. 

The design steps followed in spin-based sequence is the 
same as done in case of SET based design. The only 
difference is q is replaced by x in the present design. Figure 
4{a) represents the single spin based realization of the 
designed sequential circuit. 
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Fig. 4 (c): Spin orientation in each cell when present state is 00 and x=!. 
Actual functionality of the sequential circuit is verified in 
figure 4(b) and 4(c) by showing spin orientation of each cell 
during a change in sequence 00-01 subject to application of 
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input x=!. Figure 4(b) depicts the spin orientation of each cell 
when present state is 00 and applied input x=0. In figure 4(c), 
we have shown that changing x to 1, causes inputs of the DB 
Flip Flops to become ‘1’, so that in the next clock cycle, the 
output of the DB Flip Flop becomes ‘1’ and the next state will 
be OI as expected. 


V. CONCLUSION 


Due to the size limitation even with scaling down of the 
MOSFET technology cannot continue forever. It will hardly 
go beyond a few nm, even if adequate lithographical 
technology will be available. As a consequence, the search for 
the new principles of operation of the small-size devices is 
becoming more and more important. They possess radically 
different properties from those of bulk semiconductors. This 
change in the effective dimensionality offers fascinating 
changes in electric, magnetic, optical and vibrational 
properties. The electron mobility is high in those devices. 
Researches on the (nanodevices )quantum devices continue to 
be both challenging and exciting as novel structures with 
different material having different properties are developed. 
Even with its inherent limitations quantum devices are the 
most likely candidate for future ultra-dense digital circuits. A 
single electron is sufficient to store information, The power 
consumption is drastically reduced. Ultimate form of the 
electron device. The speed power product is predicted to lie 
close to the quantum limit. The processing speed of such 
device will be nearly equal to electronic speed. The integration 
density is higher than that present in VLSI / ULSI level. The 
implementations of sequential digital logic circuits using 
single electron spins in quantum dots is done here also . We 
point out that these logic circuits are “classical” constructs that 
do not require global phase coherence unlike “quantum” 
circuits based on spins in quantum dots. While considerable 
research and effort have been invested in the search for 
spintronic quantum computers, very little, if any, investment 
has been made to realize single spin (Classical) logic. This is a 
paradox since classical logic is easier to implement insofar as 
one does not have to strive against decoherence.” 


ACKNOWLEDGMENT 


The author thankfully acknowledges the financial support 
obtained from DRDO, Government of India vide order 
no:(ERIP/ER/050356/M/01/905 dt. 01/08/2006). 


REFERENCES 


[1] S K Sarkar & D Chattopadhyay, Phys Rev B,62 (2000) 15331 

{2] S Madhvi, Y Ventataraman, J C Sturm & Y H Xie, Phys rev 
B,61(2000) 16807. 

[3] E. Bakkess, Z Hens, A Zunger, A. Franceschetti, L. Kouwenhoven, L. 
Gurevich, D. Vanmarkelbeg : Nanoletter 1, 551, 2001. 

[4] S. Bandyopadhyay and M Cahay, Superiat, Microstrict. 32, 171 (2002). 

[5] G. Allan, Y M. Niquet, C. Delerue : Appl. Phys Lett. 77, 639, 2000. 

{6} SK Sarkar, A Karmakar, & A K De, J, Phys, 75A(2001)367. 


{7} “GA Based Parameter Optimizations for better Millimeter and Sub- 
millimeter Wave Response Characteristics of GaAs Quantum Wells”. 
Indian J. Phys.77A (I), pp 23-26, 2003 

[8] S. K Sarkar; “Multiple Level Optimization for High Frequency ac 
mobility in GaAs Quantum Wells under Hot-Electron Condition” 
Computational Material Science (Elsevier) 29, 243-249 (2004). 

{9] M.W.Keller et al: Science 285, 1706(1999). 

[10] AK Biswas, B Maji, A K De and Subir Kumar Sarkar: Proc. Of the 
IWPSD 11-15.12.2001. held at SSPL, Deltu. 

[11] A N Korotkov: “Digital-Single-electronics: Problem and possible 
solutions”, Proceed. of SSDM °97, Hamamatsu. Japan,pp 304-305, 1997, 

[12] S. Bandyopadhyay, B. Das and A. E. Miller, "Supercomputing with spin 
polarized single electrons in a quantum coupled architecture", 
Nanotechnology, 1994, 5, p. 113. 

[13] Bandyopadhyay, “Computing with spins: from classical to quantum 
computing”, Superlat. Microstruct., 2005,32, p.I71. 

(14) S. Bandyopadhyay, Superiat. Microstruct., 37, 77 (2005). 

[15] D. Rugar, R. Budakian, H. J. Mamin and B. W. Chui, Nature (London), 
430, 329 (2004), J M. Elzerman, et al., Nature (London), 430, 431 
(2004); M. Xiao, et al., Nature (London), 430, 435 (2004) 

{16} S Bandyopadhyay, Phys. Rev. B, 67, 193304 (2003). 

[17] D. Rugar, R. Budakion, H. J. Mamin and B. W. Chui, Nature (London), 
430, 329 (2004); J. M. Elzerman, et ol, Nature (London), 430, 431 
(2004), M. Xino, et al., Nature (London), 430, 435 (2004). 

{18] S Bandyopadhyay, Phys. Rev. B, 67, 193304 (2003). 

{19} S. N. Molotkov and S. S. Nazin, JETP Lett., 62, 273 (1995). 

[20] S. N. Molotkov and S. S. Nazın, Zhumal Eksperimentainol | 
Teoreticheskoi Fiziki, 110, 1439 (1996). 

[21] A. M. Bychkov, L. A. Openovy and I. A. Semenihin, JETP Lett., 66, 298 
(1997). 

[22] S. Bandyopadhyay, Superlat. Microstruct , 37, 77 (2005). 

[23] S. Bandyopadhyay and VY. P. Roychowdhury, Jpn. J. Appl. Phys., 35, 
Part 1, 3350 (1996). 

[24] S. K. Sarkar, T. Basu and S. Bandyopadhyay:“Single Spin Logic 
Curcuit” Journal of Physics of Low-Dimension Structures. Vol. 2, PP 2- 
10, 2006. 

[25] S. K. Sarkar, T. Basu and S. Bandyopadhyay: “An arithmetic logic unit 
of a computer based on spin-polarized single electrons” IET Circuits 
Device Syst., 1(3), pp.194-199. 2007References. 


858 


Mobile GIS, Communication and Concurrent Safety 
for Intelligent Transport Systems 


Rabindranath Bera 


Electronics & Communication Engg 
Sikkim Manipal Institute of Technology, Sikkim Manipal University 
Majitar, Rangpo, East Sikkim, India 


Astract — Motivated by the recent development and success of 
MIMO technology both in communication and radar files, the 
author and his group are fully engaged in developing a smart 
vehicle which will cater for GIS/Communication as well as road 
safety services. They have formulated the severe problems of 
multipath , intwerference at the road and according chosen the 
design of their system based on COFDM-MIMO. This paper will 
highlight the details works of their system and also the design. 
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1 INTRODUCTION 


Merit GIS is the expansion of a geographic information 
ystem (GIS) from the office into the field. A mobile 
GIS enables field based personnel to capture, store, update, 
manipulate, analyze, and display geographic information. The 
integration of GIS, GPS, mobile communication technology 
and Internet brings us a more convenient spatial information 
service—mobile GIS. Mobile GIS is based on mobile 
equipments and transmits spatial information via high 
performance wireless communication net and Internet. With 
the developing of GPRS (General Packet Radio Service), 
EDGE technology and the 3G wireless networks, the 
transmission ability of wireless network has been enhanced, 
and the location-based service technology of GIS and wireless 
network technology are in rapidly developing [1]. 


With the tremendous success of mobile technology towards 
voice and low data rate services, scientists are trying globally 
for the high data rate multimedia services over a fast moving 
vehicles, Additionally for collision avoidance from the nearby 
car, the suitable radar technology is to be explored. Therefore, 
the trend is to develop a smart vehicle which will be 
embedded with mobile GIS, communication & radar 
technology. 


li. PROBLEMS IN THE PHYSICAL LAYER 


The communication and GIS services mentioned above are 
generally perturbed by the multipath effects due to 
environments and a fade depth of more than 30 dB are more 


common. This restricts data rate and goal of high end 
multimedia services are perturbed. 

For radar based remote sensing case, every target is 
characterized by its RCSCRADAR Cross Section) function. A 
target's RCS function represents the amount of energy 
reflected from the target toward the receiver as a function of 
the target aspect with respect to the transmitter receiver pair. It 
is well known that this function is rapidly changing as a 
function of the target aspect [2]. Both experimental 
measurements and theoretical results demonstrate that 
scintillations of 10 dB or more in the reflected energy can 
occur by changing the target aspect by as little as one milli- 
radian. These RCS scintillations are responsible for signal 
fading, which can cause large degradations in the system’s 
detection and estimation performances. 

The above mentioned problems of SNR fluctuations both in 
mobile GIS, communication& radar services from the smart 
vehicle may be solved successfully with the use of MIMO 
technology. MIMO ( multiple input multiple output) is an 
smart antenna array technology that uses broadband pulses of 
energy for remote sensing and communication application 
and may be best suited for such smart vehicle application. 


IO. DESIGN PHILOSOPHY 


To achieve a data rate of 100 MBPS over mobile 
environment, it relates a total system bandwidth of 100 MHZ. 
MIMO technology alone cannot tackle the problem rather the 
hybrid technologies to be explored. It is also well accepted 
that the OFDM (Orthogonal Frequency Division 
Multiplexing) 1s the enabler for the MIMO. So Instead of 
MIMO alone, OFDM may be more useful. And the total 
spectrum will be subdivided over multiple simultaneous 
antenna which will be again divided over multiple carriers like 
64 OFDM carriers or more. 

In this way MIMO-OFDM combination will help 
tremendously to improve the data throughput by reducing the 
multipath effects. Also there are tremendous growth in CDMA 
based DSSS (Direct Sequence Spread Spectrum) technology 
which is superior in performance in terms of interference 
rejection. Therefore COFDM-MIMO ( Coded OFDM) is the 
hybrid technology which create a lots of interests to the author 
and the simplified block is shown in Fig. 1. 
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Fig. 1: Simpltfled Block Diagram of COFDM-MIMO System 


IV. THE DSSS SYSTEM 


The DSSS system ts explored first. The author and his group 
is successful in sending multimedia data through a IEEE 
802.11b adapters using UDP mode of Matlab. Additionally a 
DSSS Bi-static Radar using the same WiFi b PCI adapter 
fitted inside a PC is operational at SMIT having the following 
system parameters. 


RF carrier Frequency = 2.4 GHz 

Rate = 1] Mbps 

RF bandwidth = 20 MHz 

Spread with 11 bit Barker Code having sequence = [1;-1; 1; 1; 
“lj ist; i;-i;-1;-1]} 





Fig. 2. Photograph of the operational DSSS Radar at SMIT 


The total system placement along with the target is as in Fig. 
2. The DSSS radar transmitter is placed at a long distance of 
110 meter which radiates carrier using a dish antenna of 
diameter 6 ft with a hom at its focus, The horn is connected to 
WiFi b adapter fitted inside a PC. At the other end the receiver 
with another WiFi b adapter and a second horn ts placed. 

Three big targets of parabolic dishes of diameters 70.5, 72 & 
76.5 inches respectively are placed near this receive horn. The 
targets are fitted on the proper mounting structure and can be 
rotated manually both ın azimuth and in elevation angles 
which can be read out from the scale mounted at the back. 
Actually we have modified three commercial parabolic dishes 
(meant for the satellite reception) with their mounting 


structures and utilize them as targets i.e. three vehicles at the 
road. 


A. Experimental Results. 


At every position of the targets we are noting down the 
values of target angular position with received signal strength. 
The individual results of the targets have been plotted as 
shown in Fig. 3, 4 and 5 respectively 
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Fig. 4. Plot of Azimuth Angular Rotation of Target 2 
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Fig. 5. Plot of Azmuth Angular Rotation of Target 3 


The net energy concentration of the incident radiation from 
the targets will be towards their focus as they are parabolic in 
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nature. Accordingly the measured received beam patterns are 
tabulated in the Table 1. 


Table 1. Measured Beam Patterns of Three Targets. 


Target 
Name 













3 dB Beamwidth in 3 dB Beamwidth 
degree (Azimuth) in degrees 
Elevation 


| Target! | 12.375 
15.75 


A calibration curve is shown in Fig.6 which can be drawn 
out of those results and it will be useful in finding any 
unknown objects RCS of similar kind. 
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Fig 6. The Calibration Curve for RCS measurement of Azimuth angle. 

The DSSS system are explored at the laboratory both for 
GIS/ Communication and Radar mode. The interference 
rejection capability of the system are also studied and a 
processing gain of 100 is achieved. The distance coverage of 
more than 100 meter is also satisfactory. So putting it to a 
vehicle, GIS/ communication services can be launched . 
Additionally, the nearby passing vehicle can be detected 
comfortably. 


V. MIMO-OFDM SYSTEM 


Motivated by recent developments in communication theory 
[3,4], we introduce the concept of multiple-input multiple- 
output (MIMO) radar. MIMO communication systems 
_ overcome the problems caused by fading by transmitting 
different streams of information from several decorrelated, 
signals. In MIMO communication systems, the receiver enjoys 
the average signal to noise ratio (SNR) of the received signal 
is more or less constant, whereas in conventional systems, 
which transmits all their energy over a single path, the 
received SNR varies considerably. The novelty of the MIMO 
RADAR is that, it capitalizes on target scintillations to 
improve the RADAR performance. 

' The performance analysis for the MIMO-OFDM system and 
Sub-system has been carried out based on MATLAB 
simulation. ` 


In taking decision about the no of elements of MIMO, we 


did a lot of simulation where the MIMO elements are varied as 
desired Fig.7. is showing such a performance curve which 
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utilizes codes for further processing. Three cases are shown: |. 
SISO case, 2X2 & 4X4 MIMO Case. We got stabilized & 
improved performances which are again desired features from 
such a system. 
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Fig. 7. BER Performance of SISO vs 2x2 vs 4x4. 


Parameters: No. off FFT points = 64; Modulation = BPSK; 
Convolution Code Rate = R1/2; Channel = AWGN. 
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Fig. 8. BER Performance of 1x2 vs 2x! vs 2x2 vs 4x4 (AWGN) 


The variation in the different systems has been depicted in 
Fig 8 the performance of the uncoded systems seemed to be 
overlapping. But we can make a clear distinction between the 
1X2 (SIMO), 2X1 (MISO) and 2X2 (MIMO) cases. The 
performance of the MIMO system is more profoundly better 
over the others. Even the SIMO system performance shows 
great deal of improvement over other system, which is mainly 
due to its Receive diversity technique being deployed. 


BER Performance comparison between individual 
subsystem blocks and the total OFDM-MIMO Wi-Fi system is 
shown in Fig. 9. 
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Fig. 9. BER Performance Individual Subsystem and The Overall OFDM- 
MIMO W1-Fi system. 


Parameters: No. off FFT points = 64; Modulation = BPSK; 
Convolution Code Rate = R1/2; Channel = AWGN. 

The overall system ( OFDM-MIMO) performance is quite 
interesting having much lower values as compared to 
individual BER performance as shown in Fig 8. 

The choice of multiple antenna is justified as 
evident from above simulation .Even the multiple antenna can 
be utilized for DSSS system also for its better performances in 
terms of multipath rejection . 


V. COMPARISION OF MUSIC AND ESPIRIT 
ALGORITHMS FOR THE ESTIMATION OF DOA WITH 
BEAMFORMATION 


The above systems are able to detect the target (moving 
vehicle at the road) with higher level of precision as well as 
efficient communication to passing vehicles and roadside 
Access points. But the DOA (Direction Of Arrival) cannot be 
estimated by the system. For this estimation we have 
simulated two popular algorithm ‘MUSIC’ (MUltiple Signal 
Classification) & ESPRIT (Estimation of Signal Parameters 
via Rotational Invariance Technique) and we find some 
limitation of those estimation which we like to eliminate by 
some advanced algorithm. By embedding this algorithm for 
DOA estimation, the system will be able to estimate DOA of 
the passing vehicles. 


A. Direction of Arrival (DOA) 


For the beamformer to steer the radiation in a particular 
direction and to place the nulls in the interfering directions the 
direction of arrival has to be known beforehand. The DOA 
algorithms does exactly the same; they work on the signal 
received at the output of the array and compute the direction 
of arrivals of all the incoming signals. Once the angle 
information is known it is fed into the beamforming network 
to compute the complex weight vectors required for beam 
steering. 


B. Performance Analysis 


l. Results of the various pairs of Angles of Arrivals using 
MUSIC Algorithm 
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Fig. 10. Spatial MUSIC Spectrum for Angles of arrivals = 60 and 120 
degrees, 


It is clearly indicated in the Fig. 10 the sensing of two 
incident radiation by the receiver using MUSIC algorithm . 
FFT method may not be so good for such high resolution 
spectral estimation. But the estimation is Gaussian in shape 
having no problem for well separated radiations but still poor 
resolution for two nearby radiations. Such a scenario is shown 
in Fig. 12 where angle of arrivals are very close to each other. 
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Fig. 11. Null at 120 degree and maxima at 60 degree 


The another requirement of DOA is to put nulls towards the 
unwanted reception. Such a simulation for null at 120 degree 
with a DOA sensing at 60 degree is shown in Fig. 11. The 
rejection is more than 300 dB again with a Gaussian shape. 
Instead of sharp null. Problems of such sharp nulls will be 


more pronounced for close by radiation of 44 and 45 degrees 
as in Fig. 13. 
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Fig 12. Spatial MUSIC Spectrum for angles of arrivals = 44 and 45 degrees. 
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VI CONCLUSION 


Both the DSSS system and MIMO -OFDM system are 
operational at the laboratory of SMIT. The communication 
and radar modes are also explored for both the systems. The 
Integration of the systems for COFDM-MIMO is still awaited. 
Both the systems are able to detect the targets for collision 
avoidance at the road. The DOA estimation 1s to be embedded 
to the systems. Soon we will be exploring the system for the 
field trial. We may expect lots of further problems during field 
trials like the Doppler effects due to the motion of the vehicle. 
The Doppler extraction algorithm to be embedded to the 


system for determining the speed of the passing vehicles. In- 


summary, the basic level of work has been carried out at the 
lab, but lots of further efforts to be imparted for actual 
operation condition. 


Ti t 
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Abstract— This paper presents a method for incorporating a 
simple and yet realistic modelling representation of an HVDC- 
LCC-link into Newton-based power flow algorithms — where all 
the relevant variables of the DC circuit blend seamlessly with 
those of the AC circuit for robust iterative solutions, Two distinct 
but related streams of power flows are addressed in the paper, 
conventional power flows and the very timely optimal power flow 
solutions. The paper is tutorial in nature and the HYDC-LCC- 
link equations are first implemented in a conventional power 
flow algorithm, to yield an AC-DC power flow using the DC 
yariable elimination method, The Newton-Raphson method is 
used to solve the reduced set of power flow equations, resulting in 
an AC-DC power flow algorithm that exhibits quadratic 
convergence for all the three control modes addressed in the 
paper. Next, the HVDC-LCC-link power equations are 
implemented in the optimal power flow algorithm using 
Newton’s method together with the Multipliers method to yield 
very robust optimal solutions of AC-DC circuits. To show the 
applicability of the two upgraded AC-DC power systems 
algorithms, a contrived test network is solved and conclusions are 
drawn. Moreover, to show the full scale of applicability of the 
optimal power flow algorithm, a utility size power network is 
solved — with two different studies presented: the standard 
network, which is a conventional one, and an upgraded network 
which includes one HVDC-LCC-link and nineteen FACTS 
controllers. 


Key words— OPF, Newton’s method, HVDC, FACTS 


L INTRODUCTION 


Poin -to-point and back-to-back high voltage direct current 
(HVDC) transmission links are in operation throughout 
the world [I]. Furthermore, in large conurbation centers, 
utility planners are actively considering the viability of 
reconverting existing AC transmission corridors into 


HVDC lines to take advantage of the higher power density 
achieved with the latter. To make informed decisions power 
systems application tools with suitable HVDC representation 
are not only desirable but essential. However, HVDC link 
representation is often over-simplified or ignored in most 
power system studies, with Optimal Power Flows (OPF) being 
a case in point. This applies to both the long established 
HVDC line commutated current (LCC) and the new breed of 
HVDC technology based on voltage source converters (VSC) 
[2], [3]. 

From the outset, more than six decades ago, the drive for the 
development of the DC transmission technology was its 
reduced power loss burden compared to that of a 
corresponding AC transmission line of equal rating. However, 
its applicability to other transmission schemes such as 
submarine transmission and asynchronous inter-connections 
were quickly realized and these became niches of the HVDC 
technology. Early DC transmission schemes used mercury arc 
valves at the converter stations and that limited the appeal of 
the technology on grounds of transmission availability. The 
advent of the silicon-controlled rectifier (thyristor) capable of 
handling large powers and microprocessor-based control 
techniques made HVDC converters less brittle, vastly 
increasing their transmission availability and operational 
control flexibility. The market for thyristor-based HVDC 
technology has remained firm for many years but new power 
semiconductors (IGBT and GTO) with improved switching 
characteristics have reached the power levels which are 
required for modem power transmission, albeit still at much 
reduced power ratings than what it is feasible to achieve with 
thyristor-based technology — Currently, HVDC-VSC systems 
have a power rating in the range 7-530 MW and DC voltage in 
the range 10-150 kV whereas HVDC-LCC systems are 
available in the power range 100-3000 MW and DC voltages 
up to 600 kV [4]. 

Nevertheless, the pace of development of the HYDC-VSC 
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technology is breathtaking [5]. The use of the voltage source 
converters (VSC) for DC power transmission was only 
introduced in 1997, with a 3 MW, +10 kV DC prototype at 
Hellsjon, Sweden. The VSC technology includes IGBTs and 
in order to improve the quality of output voltage, high 
frequency pulse width modulation (PWM) is used. By 
increasing the switching frequency, harmonics in the lower 
frequency range can be reduced or nearly eliminated and the 
output voltage is a quasi-sinusoidal waveform with a 
dominant fundamental component, and with the characteristic 
harmonics shifted to higher orders. Arguably, harmonics in the 
higher frequency range can be filtered out with less difficulty. 
However, increasing the switching frequency also increases 
the power loss. At present, this is the Achilles heel of the 
high-voltage VSC technology . and further design 
improvements in power semiconductor devices are keenly 
awaited all the time. 

The reason is that'the HVDC-VSC technology introduces a 
wide range of benefits to the AC power network where it is 
embedded, such as the ability to independently control the 


reactive power flow at each connecting AC bus, with real 


potential for improving power quality in both AC sides of the 
network, and to decouple reactive power flow control from 
active power flow control. This being a definite advantage of 
the HVDC-VSC technology over the HVDC-LCC technology 
when the converter is connected to a weak AC network or to a 
“dead network”, i.e. network with no other voltage source. 

In spite of the great many benefits introduced by the 
HVDC-VSC technology, it is quite clear that until the power 
IGBT, or any other high-frequency switching valve, does not 
reach power levels handling closer to those currently achieved 
by conventional thyristors, bulk power DC transmission will 
remain the realm of the HVDC-LCC technology. The need for 
moving extra-large volumes of electrical energy over 
continental distances is on the increase. The long-distance 
HVDC transmission schemes in China from the Three Gorges 
dam to Shanghai, Changzhou and Guangdong, is a case in 
point. Moreover, renewed interest in laying an 1800 km 
seafloor DC cable to transport large volumes of geothermal 
electricity from Iceland to Germany has resurfaced, as a result 
of a growing market for clean energy. Also, the Trans- 
Mediterranean Energy Cooperation (TREC) is working on the 
vision that vast amounts of clean power can be generated in 
the Saharan dessert using Concentrated Solar Power (CSP) 
technology and transmitted throughout Europe using a grid of 
HVDC lines. 

To keep pace with such unprecedented level of interest in 
the HVDC transmission technology, both a power flow 
computer program and an Optimal Power Flow computer 
program are developed further to encompass comprehensive 
and reliable models of HVDC-LCC transmission schemes, 
This would enable thorough assessments of security and 
economic operation of transmission schemes such as these. 
The model of the HVDC-LCC-link takes due account of 
overlapping effects and power transfer control characteristics. 


+ ot 


In both application programs the solution algorithms are 
Newton methods. The equations representing the converter 
operation are included directly in the Jacobian matrix for the 
case of conventional power flows, using the so called DC 
elimination method [6]. In the OPF solution, the converter 
equations are included directly in matrix W and in the gradient 
vector of Newton’s method [7], with the multipliers method 
[8] used to handle all inequality constraints to variables. This 
combination leads to highly efficient solutions of AC-DC 
power systems, including FACTS controllers. The impact of 
HVDC links in conventional power flow and OPF studies is 
illustrated by numerical examples, which includes a contrived 
five-bus test network and a utility-size network of 2172 buses 
[9]. 


I. HVDC-LCC-LINKS 


HVDC-links may be configured in a number of ways. In 
order of increasing complexity, the simplest is the back-to- 
back link in which the two converters are located in the same 
site, with no DC line involved. This application is also known 
as zero-distance HVDC. Next in complexity are point-to-point 
applications where an actual DC line connects the two 
converter stations. Other more complex configurations are 
possible, such as multi-terminal links and series connections. 


Without being exhaustive, two variants of the point-to-point 
HVDC configuration emerge, the mono-polar link and the 
bipolar link. In the former, the two converters are joined by a 
single metallic conductor, and earth or the sea is used as the 
returning path, requiring two full rated electrodes. The latter 
configuration is shown in Fig. 1 and may be thought as 
consisting of two symmetric mono-polar links but one 
operating at positive potential and the other at negative 
potential, with respect to ground (middle). Notice that the 
HVDC-LCC converters and DC lines, transformers and other 
ancillary devices such as tuned filters and capacitor banks and 
smoothing reactors are also shown in Fig. 1. 


The core component of any HVDC-LCC converter is the 
thyristor valve, used to perform the actual conversion from 
AC to DC and vice-versa. Such a conversion process is far 
from ideal and comes accompanied by the generation of 
harmonic currents in the AC side and harmonic voltages in the 
DC side of the converter. Assuming perfect valve firing 
sequences and balanced three-phase voltages and currents in ° 
the AC sides of the converters then their periodic steady-state 
operation will contain only the characteristic harmonics. 


To a greater or lesser extent this optimistic’ operating 
scenario is not far from what is achieved today with modern 
power semiconductor valves and control method. Tuned 
harmonic filters are used to filter out the characteristic 
harmonics, énsuring sinusoidal voltages and currents in the 
AC side of the converters. Filters are used in the DC side 
together with smoothing’ reactors to ensure a reasonably flat 
voltage and current profile in the DC side. Further functions of 
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the smoothing reactor are to prevent resonances in the DC 
circuit and to limit telephone interference. 

The converter stations are connected to the AC buses by 
means of converter transformers, which scale-down the 
voltage of the grid to the required entry voltage of the 
converter. The converter transformers are equipped with an 
on-load tap-changing mechanism. 

The reactive power consumption of an HVDC converter is a 
function of active power, transformer reactances and control 
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angles — it increases with increasing active power. Full 
reactive power compensation is a standard requirement in a 
converter station, with part of the reactive power produced by 
filters and the rest by shunt capacitor banks or synchronous 
condensers if dynamic compensation is deemed necessary. 


Converter station m 


Figi: HYDC-LCC bipolar transmission scheme 


H. HVDC-LINK POWER EQUATIONS 
Assuming perfect symmetric conditions in the AC circuit 
and converter transformers; equidistant converter valve firings 
and perfect filtering in both the AC and DC circuits, the 
steady-state, fundamental frequency operation of a mono-polar 
HVDC link, such as the one operating at positive potential in 
Fig. 1, may be described by the following set of equations: 


Via Vm — R71, =O (1) 


2 
Va = aw, E b, (2) 
4 


32 3 
Vin = an SY Aal i (3) 


where Vg; and Vj, are the voltage magnitudes at the DC 
terminals of the rectifier.and inverter stations operating at 
positive potential, respectively. œ is the firing angle for 
rectifier operation and y is the extinction angle for inverter 
operation. V, and V,, are the effective voltage magnitudes at 
the AC terminals of converter transformers. /, is the current in 
the DC circuit. Xp and Xq are the commutation reactances in 
the rectifier and inverter stations, respectively. Ne and N; are 
the number of series connected bridges in the rectifier and 
converter stations, respectively. Notice that symmetry is 
assumed in transformer parameters and valve firing which is 
amenable to a single value of current J,. 


In a six-pulse converter Ng= N;=1 and the valves fire at 60° 
intervals. In a twelve-pulse converter Ng= N;=2 and the 
interval is 30°. The DC voltage Vypg; is made up of two terms, 
the open-circuit voltage and an equivalent voltage drop due 
introduced by the commutation effects. The same applies to 
the DC voltage Van. The resistances of the transformer 
converters are neglected and the transformer short-circuit 
reactances are taken to be the commutation reactances. 

Assuming six-pulse converters (Ng=N;=1), the powers of 
the DC link are given by, 


Fg ih gg OE eg OV el (4) 
Pa = Pa + Py, =V al, (5) 


where Var= Vait Vam and Va Vm+ Van- 


Powers on the AC side, using positive sequence 
representation, employing the transformation from three-phase 
to positive sequence with mvanant voltages, invariant currents 
and variant powers, the active powers absorbed from buses k 
and m are: 


P 

P, =-5 (6) 
P 

F: ae (7) 
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The complex power consumed by the two converter stations, 
including the transformers, is given by: 





$= = 
i a B (8) 





0, = evk -P (10) 
o, = | eat -P (I) 


& d 


where k =k; k =k'— and 
R re 7 


‘ 1(co2a—com(a+ wy +(2u+sinda—sinXka+ wy 


g 4(cosx—cos+ 4) 

with &’ having the same expression as k but with y 
\ Teplacing the firing angle œ. For most practical power flow 
situations, both k and k’ are very close to 1 and can be 
assumed to be constant. A recommended value to use is 0.995, 


IV. AC-DC POWER FLOWS USING THE NEWTON-RAPHSON 
METHOD 


AC power flows using the Newton-Raphson method 


The steady-state operation of a symmetrical, three-phase AC 
electrical power network comprising n buses is well described 
by 2(n-1) set of non-linear algebraic equations relating nodal 
powers to nodal voltages: 

P=f,V, 9) 
Q = f,V,@) 


(12) 


where P and Q are nodal active and reactive powers, V and @ 
are nodal voltage magnitudes and phase angles and fp and fọ 
are non-linear functions. 

The set of equations (12) is solved very reliably by iteration 
using the Newton-Raphson method, which involves solving 
repeatedly the following linearised equation: 


AP] [E NTA] (13) 
AQ! |J Lav 
where AP=Pc-P.-P.q, and AQ=Q--Q:-Q.) are vectors of 


mismatch active and reactive powers. Pe and Qg are vectors 
of specified active and reactive power generations. P, and Q, 


are vectors of specified active and reactive powers consumed 
by loads. Pea and Q-a are vectors of calculated active and 
reactive powers, using eqs. (12). H, N, J, L are matrices of 
first order partial derivatives of the nodal power equations P 
and Q in (12) with respect to @ and V. The four matrix 
elements make up the so called Jacobian matrix. 

For an a-bus network, the order of (13) is n-1 because the 
reference bus, i.e. slack bus, does not form part of the iterative 
solution. Upon convergence of the iterative solution the 
calculated powers Poa and Qei match those of the net power 
(Pc-P,) and (Qg¢-Q,) and, hence, the mismatches AP and AQ 
become zero, i.e. smaller than a pre-specified tolerance, and 
the iterative process is terminated. 


HVDC operating modes 

‘As indicated by eqs. (4)-(5), the power through the DC link 
can be regulated by varying the DC voltages, this as a result of 
varying either the transformers taps or the converters control 
angles — refer to eqs. (2)-(3). An increase in the control angle 
is amenable to a decrease in DC voltage, an increase in 
reactive power consumption (since the current will lag the 
voltage) and an increase in harmonic generation. Such issues 
are clearly undesirable and provide an incentive for keeping 
the control angles at relatively low values. 

There are several modes of operation in converter control. In 
the so called control mode A, the control angles œ and yand 
Va and Pa are specified. The converter transformer taps are 
varied in order to meet such specifications. In control mode B, 
yis kept at its lower value and the transformers taps and Py, 
are specified. The power is regulated by varying the firing 
angle œ. This is a preferred control mode since the tap changer 
response is far slower than that of the firing angle. In control 
mode C, @ is kept at its minimum value and yis regulated to 
maintain constant power. It should be remarked that if the 
current 74 is kept constant instead of the power Pyn three other 
control modes may be defined 

In control mode A, the power and the voltage at the inverter 
(Pa and Var) are held constant with specified control angles 
enabling the direct calculation of Iy, Vag and Pyr: 


P = Py |/Va s Va “Va tR ù Pa = Val, 
Using this information in (2) and (3), for the case of a six- 


pulse bridge, the commutation voltages aV; and wV, can be 
obtained: 


EEE A 
c, =a,V, = (15) 
2 cosa 
L aX. 
c =a, V, = (16) 
2 cosy 


It is important to recognize that both c, and c are constants 
which can be computed from system data and specified 
information — they are not dependent on V, and V, Since the 
transformers and converter valves are assumed to contain no 
resistance, the power equations for control mode A, are: 


867 


Proceeding of International Conference MS’07, India, December 3-5, 2007 





Vael 
p, =el (17) 
P =s- (18) 
s Ceh’ p (19) 


Q, = (ck, Y — P? (20) 


The active power carried by the DC link and the reactive 
powers consumed by the two converters may be interpreted as 
an equivalent load and generator. In a power flow solution, the 
equivalent load and generation will remain constant — it will 
not change as the solution moves from iteration to the next 
because Ph Qi, Pw and Qu are independent of V; and V 
Upon convergence, the transformer taps are calculated: 


C C3 
— 21 
V. (21) 

In control mode B, the power at the inverter is kept constant 
with minimum extinction angle and constant tap changers. An 
expression for the current 7; may be derived by combining (3) 
and (5), 


L,=cV,-ycVi-c,P, Q2) 


_4,008Y ade 7 
= = 


ef eq 


where c 





The power equations in control mode B, are: 


per 2 
p aba +R; (23) 
, 3 
pre 
P= a (24) 
ae AAP ae P (25) 
3 
Q, = CVAL) p (26) 


In control mode C, the power at the inverter is kept constant 
with minimum firing angle and constant tap changers. 


Similarly to control node B, an expression for the current J, is l 


derived and then the power equations (23)-(26) will apply 
with no change. Combining (1), (2) and (5), yields: 


I, =oV,-yoVy —¢,P, (27) 


a, cosa i 


where c, = and c, =- 
2 Vistek: 2 yk, 
3 T 


AC-DC power flows using the Newton-Raphson method 


There are various methods for solving the power flow 
equations of AC-DC systems. Arguably, the eliminated 
variables method is the simplest. The basic idea in this method 
is to treat the converter stations as voltage-dependent loads as 
seen from the AC bus terminals. The DC equations are solved 
analytically and the DC variables are eliminated from the 
power flow equations. 

In control mode A, the active and reactive powers consumed 
by the DC-link are pre-computed whereas in the other two 
control modes, the powers consumed by the DC-link are re- 
calculated at each iterative step of the Newton-Raphson 
algorithm. 

If the HVDC link is connected between buses k and m, eq. 
(13) modifies to the following: 


AP ! A0 
AP, H ! N f0, 
AP, |_ | Ag, | (28) 
Ag} |” to Av 
AQ, Joi L fay, 
AQ. AV. 


where P, Q, 6 and V refer to all network buses but not to 
those of the converter terminals subscripted k and m, which 
are shown explicitly. In principle, the following primed 
elements of the Jacobian change due to the contribution of the 
DC-link: 


Na =N,, +V, OP, /oV, 
Ni = N +V,, OP, /oV, 


Na =N +V, oP, ov, 

N =N +V oP, /ov. 

La = La +V, 9Q,/9V, 

La = L +V_9Q, /av. 

Lu =La +V,0Q, /ov, 

La =L +V, aQ, /ov, 
with Nus Nim Nmt Nome Lits Lim Lon and Lw referring to the 
corresponding original components of the Jacobian. The 
power terms derived in Section 4.2 for P}, Qi, P,, and Q,, for 
control modes A, B and C are used to obtain the modified 
Jacobian entries described above. Each control mode yields its 


own set of modified Jacobian entries, several of which take 
zero values. 
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V. AC-DC OPTIMAL POWER FLOWS USING NEWTON'S 
METHOD 


Optimal power flows present power systems engineers with 
a far more powerful solution and analysis tool than that 
afforded by conventional power flows, for the determination 
of the equilibrium point of a symmetrical, three-phase AC 
electrical power network. In contrast to a conventional power 
flow, the prowess of the optimal power flow solution is its 
ability to find a set of system operational parameters that 
minimize a pre-established “cost” function of the system, such 
as the generator fuel costs, transmission power losses or 
reactive power production/absorption. Besides, the optimal 
power solution takes due account of equipment ratings and 
network operational constraints. 

The optimization task selected in this section is the 
minimization of active power generation cost by the 
adjustment of suitable control parameters in both the AC and 
the DC circuits of the network. In general, in this OPF 
problem, the following formulation applies: 


Minimize f(P,) 
subject to ACP, V,8,a, A, YV m Ya ) one 0 
al, Va 0,a,@, Y, Væ Va) S 0 


(29) 


where Pg, V and @ are the active power generation, node 
voltage magnitudes and phase angles, respectively. Moreover, 
a, Œ, Vip and Vy are associated with the HVDC link and are 
said to be the DC state variables. They are the tap of the 
converter transformers, the converters firing and extinction 
angles, the voltages at the DC buses at each end of the DC 
line. The function Pg) is the objective to be optimized, A(Po, 
V, 6, a, œY. Var, Va represents the power flow equations, 
including the DC circuit, and g(Pg, V, 8, a, œ, ¥ Var, Vad 
represents the state vanable limits as well as functional 
constraints. 

The constrained optimization problem stated in (29) is 
converted into an unconstrained one by forming an augmented 


Lagrange function: 


LU(x,d) = f(P,) + VACP,,V,0,4,0,7.Vy Ve) (30) 
where x is vector of state variables and A is the Lagrange 
multiplier vector for equality constraints. The inequality 
constraints are not incorporated at this stage because they are 
only included when there are variabies outside limits. 


A. Lagrange function for the HVDC link 


Incorporation of the HVDC equations in the Newton OPF 
algorithm increases the dimensions of matrix W by eight rows 
and eight columns per HVDC link in the AC-DC network. 
Moreover, if the HVDC link is set to regulate active power 
flow then matrix W is further augmented by one row and one 
column. Under this operating condition six extra state 
variables enter in the OPF formulation. Furthermore, three 
Lagrange multipliers are also used to incorporate the various 
equality constraints. The solution process satisfies the 
optimality conditions as given by Kuhn and Tucker. 


Eqs. (1)-(8) and (11) are explicitly modeled in the Lagrange 
function as an equality constraint given by the following 


equation: 
Bam fie 
Roe 
ae rdh] © 


tA (APRA Amn) + Any AR AAO) 


indi Va 


where Àr, Àn Apr, Agr, Ap and Ag; are Lagrange multipliers at 
the AC nodes where the rectifier and inverter transformers 


connect, respectively. Also, Apr, Agr, Apr and Ag; are the 
multipliers of the Lagrange function of the active and reactive 
power mismatch equations. Vectors x and A contain the 
following set of DC variables: 


x=|a, V, comx a, V, cosy} 


(32) 
a= A] 


By way of example, the Lagrange functions at the terminal 
dR of the rectifier station are given by 


A, (AP) =A RVO +E, Py + Py (x) 


33 
Ab AQ, =A VOO -Qa +Qulx)) 2a 


where ey, and Qu, are the calculated active and reactive 
power injections at node k. p, and g, are active and reactive 
power loads at node k. p, and Q, are scheduled active and 
reactive power generations at node £, respectively. Also, P,() 
and Q,(x) are the active and reactive powers at the DC side of 
the converter rectifier. 


B. HVDC link loading 


Line current regulation in the DC line may be represented in 
OPF formulations by using an equality constraint which 
remains active throughout the iterative process, unless one 
expressly wishes to deactivate the constraint. The following 
equation represents this operating condition: 


-V, 
caf 


where Ap, is the Lagrange multiplier associated with the direct 
current flowing from the rectifier station to the inverter 
station. Jọ is the target value of direct current to be maintained 
across the DC link. 

The Lagrange function of the HVDC link comprising the 
individual contributions presented above is: 


(34) 


Layph% = Ly (GA) + Ly f%A) 85 


C. Linearised system of equations 


The linearised equation for mmimizing the Lagrange 
function using Newton’s method is: 
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Wi, 0 Wy Wu 0 | Az, Br 

0 Wa Wa, Wx, 0 | Az, gı 36) 
Wi: Wy Ws Wu Wy | Az, |=- g, 
Wa Wae Wa Wa Wha | Az, 2, 

0 0 Wa Wa 0 | Az, Bs 


where matrices Wy contain second partial derivatives of the 
Lagrange function L(x,A) with respect to state variables x and 
Lagrange multiplier À. The terms g; are vectors of first partial 
derivatives. The terms Az are vectors of increments obtained 
at the end of a given iteration. Subscripts i and J take values 
from | to 5, respectively. | 
D. Handling limits-of HVDC link 

Limits are enforced using the Multipliers method. The 
generic function given below for dR is used to handle the 
HVDC link inequality constraints, where a penalty term, 
involving the violated limit, is added to the Lagrange function 
L(x,A). Variables inside limits are ignored. The checking of 
limits is started at the second iteration. 


WVR -Ve" + VY 
if pf AV? VE >0 

HVE Va? Ve Vary 
if +c! V2") 20 


(37) 
yyy? we) = 


0 otherwise 


E.Initial conditions of HVDC link 

Good initial conditions are required for the HVDC links in 
order to ensure smooth iterative OPF solutions. 

Nodal voltage magnitudes of | pu for Vag and Va are 
selected and used in eqs. (1) and (2) to obtain starting voltage 
values for Var and Vu. The initial tap positions of the 
converter transformer are set at 1. 

The HVDC Lagrange multipliers Ay and A, are initialized at 
0, yielding robust iterative solutions. 

It is stated in [2] that rectifier stations have typical firing 
angles @ in the range 14°-16° and minimum values in the 
range of 5°-7°. For the inverter station the range for the 
extinction angle yis 15°-18° and the maximum value will not 
exceed 22°. In the OPF solution, initial values of œ =15° and 
y=18° have been chosen, yielding robust iterative solutions. 


vi. HVDC-LCC TEST CASES 
To show the applicability of the proposed approaches, the 
five-bus network shown in Fig.2 is used. All the necessary 
data to carry out an AC power flow solution is taken from 
[10]. 

In this test case the transmission line connected between 
Lake and Main in Fig. 2, is replaced by a mono-polar HVDC 
link, with the data given in Table I. l 

The HVDC link is made to operate in control! mode A. The 
nodal voltage magnitudes and phase angles for the five buses 
are given in table II while the power flows are shown in Fig. 3. 





Fig2 Five-bus network 


A. Power flow solution for the five-bus test network 


Transformer reactances [0.051 pu 


DC link resistance 7 


DC link resistance | 
Inverter extinction angle _ 






ectifier firing angle 
Inverter extinction angle 
Transmitted power___—*0.40 pu_| 


Table 1: HVDC link data. 


l 
+ 
i 
j; 


Erna = 





- 







$ tii 
106 | o 
100 | -1.8126 
[Lake | 9610 | -5.5998 | 
| Main 
i 


Table 2: Bus voltages 





Flow results, notice that the DC line has a 1.2 MW power 
loss and that both converters consume a total of 36.7 MVAR, 
which are contributed by the generator connected at North 
since no local provisions were made to supply the required ` 
reactive power demanded by the HVDC converters. 


40+]5 


454415 





(a) 60+j10 
124 12.2 
40 33.2 
Fig3: Power flow solution of the five-bus network with a mono-polar 


HVDC link 
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B. Optimal Power flow solution for the five-bus test 
network 

The five-bus test network is now used to carry out an 
optimal power flow solution, with minimum generation fuel 
cost and minimum transmission power loss. The generator 
fuel costs are taken to be quadratic functions with coefficients 
given in Table 3. 









=" -+ TAR _—_ eme — _—_ er =n = = -m + 
* 


o bag | 


b c 
S/MW?-hr) 
0.0040 
Table 3: Fuel cost cocfficients 


Upper and lower limits of active and reactive powers of the , 
two generators are given in Table 4, with the DC link 
impedance values given in Table 5 and the contro! parameter 
limits given in Table 6. 









Active Power Limits | Reactive Power Limits |. 


Min i 
(MW) 






i Commutation 0.01260 pu 0.00728 pu 
l reactance 


0100534 pu 





= — tr tia — 
+ 
b » 


eae na 
| DC Variables 
| V 





Table 6: DC-link contiol parameter limits 


The active power flow through the HVDC link is 13.716 
MW. The power flow results are shown in Fig. 4, and the 
active and reactive power at the converters are given in 
Table 7. The nodal voltages and Lagrange multipliers are 
given in Table 8. 


C. Optimal power flow solution of a large-scale power 
network 
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A utility power network consisting of 2172 buses, 2294 





Fig4- Optimal power flow solution of the five-bus network with a mono- : 
polar HVDC link. 


"+ mr An cr) =e 


DC Quantities 


m me — mny Eme maraa 7 =e om bern toy we 






Pe | Qu | Pa Qur lg 
(MW) | (MVAR)} (MW) | (MVAR)| (pu) 


i 3712 | asos 


Voltage Ap 
Phase Angle (3/MW-hr) 






Voltage 
Magnitude 
(pu) 
1.1 


ric [0 | 4 on0 


Table 8: Nodal voltages and Lagrange multipliers 


transmission lines, 768 transformers, 579 generators, 1259 
loads, 208 shunt compensators and 10 series capacitors, is 
used to carry out an optimal power flow solution. For the 
purpose of the simulation study, the following assumptions 
are made on the actual power network: out of the 579 
generators, 201 are considered for economic dispatch; twelve 
of the 768 transformers are assumed to be phase-shifting 
transformers; and the ten series capacitors are assumed to be 
Thyristor Controlled Series Compensators (TCSC), Moreover, 
five Unified Power Flow Controllers (UPFC), one HVDC-link 
and four additional TCSCs are assumed to exist in the utility 
power network. ' 
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The HVDC-link, five UPFCs and fourteen TCSCs are used 
to maintain specified active powers along pre-determined 
transmission paths, increasing the power transfer by more than 
10%, with respect to the non-upgraded FACTS network. The 
shunt converters of the five UPFC are also used to regulate 
nodal voltage magnitudes at 1 pu at their connecting buses. 
The FACTS controllers are placed in the high-voltage side of 
the network, i.e. 230 and 400 kV. 

The optimal power flow solution of the non-upgraded 
FACTS network converges in nine iterations whereas that of 
the upgraded network does it in 10 iterations. All the various 
controllable devices uphold their target values. Table 9 
summiarizes the solutions for this test system. 


+ a T rar v m s —T r m n —— nę 


OPF Solutions 
1971813 
2971813 | 
Reactive power load (MVAR) 6487.59 6487.59 


5179.02 5215.36 
763.654 692.557 


796.945 728.417 


Tdble 9: Summary of power flow solutions for the 2172-bus system 


| Reactive power generation 
(MVAR) 





The FACTS controllers and HVDC-link have an overall 
positive effect in the operation of this test system ~ they are 
amenable to lower transmission losses and, as a consequence, 
to lower levels of active and reactive power generation. 
However, it should be noticed that the FACTS upgraded case 
yields higher generation costs than the base case — the reason 
is that the UPFCs are being used to regulate voltage 
magnitudes at 1 pu at their shunt buses and the optimization 
algonthm has less degrees of freeaom to attempt a “better” 
solution. 


VII. CONCLUSIONS 


An efficient and versatile AC-DC model, based on 
expressions derived from the DC-link line commutated control 
scheme, 1s used to assess the steady-state response of AC 
power networks containing HVDC-LCC-links. All the 
relevant variables of the HVDC-LCC-link are combined with 
the nodal voltage magnitudes and phase angles of the AC 
power network in a single frame-of-reference for unified 
iterative solutions using Newton’s method. The DC-link 
model 1s suitable for direct implementation in a Newton- 
Raphson power flow computer algorithm using unified 
solutions of the AC and DC variables, resulting in iterative 
solutions with strong convergence. However, this is not an 
extended variables method since the Jacobian dimensions are 
not increased and no DC variables are added to the solution 
vector, leading to overall efficient solutions. Equations are 
derved for vanous HVDC control modes and a simple 
numerical example is presented to illustrate the applicability 
of the approach. 


Moreover, the AC-DC model is also suitable for direct 
implementation in an optimal power flow algorithm using 
Newton’s method. Contrary to the conventional power flow 
solution, the HVDC OPF algorithm is not a DC elimination 
method because matrix W and the gradient vector need to be 
extended to accommodate explicitly the DC variables, but is it 
a unified method, leading to very robust optimal solutions. In 
contrast too to the conventional power flow solution, it is not 
a pre-condition in the implemented HVDC OPF algorithm to 
specify the operating contro! mode of the DC-link in order to 
determine the optimum set for the control variables. The DC 
variables are regulated in order to achieve an optimal level of 
DC current under either condition, constrained or 
unconstrained current through the DC-link. The usefulness of 
the OPF HVDC-link algorithm is illustrated by means of 
numerical examples. The same constrained network used for 
conventional power flows 1s used for the optimal power flow 
solution, enabling comparisons between the two solution 
approaches. To show a practical application of the OPF 
algorithm, a utility-size power network is solved for two 
different cases: the power network with no electronic control; 
and the power network where an HVDC-link and nineteen 
FACTS controllers are assumed to have been installed - 
comparisons between the two optimal solutions are presented. 
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' Abstract—Ylistorically responsibility of the electricity supply in 
India was shared constitutionally between the central 
government and the states. The Electricity Act 1910 provided the 
initial legal framework that governed the operations of licensees. 
Along with the Electricity Act 1910 the Electricity (Supply) Act 
of 1948 provided the overall regulatory framework for the sector, 


which empowered the Central Electricity Authority (CEA) to - 


develop a national power policy that included the responsibility 
of planning, coordinating and regulating sector development. The 
1948 Act also empowered the central government (Ministry of 
Power) to make rules for carrying out CEA’s objectives by 
means of notification in the official gazette. The 1948 Act created 
the State Electricity Boards and entrusted them with primary 
responsibility for public power supply as well as for related state 
level regulation. aa 


I. INTRODUCTION 


The boards were envisioned as largely self-governing 
entities empowered to set tariffs and monitor licensees. But 
after the Industrial Policy Resolution of 1956 defined the 
aspects of generation and distribution that became the 
exclusive responsibility of the states, consequently the once 
significant role of private utilities gradually diminished. At the 
time of independence private utilities and licensed local 
authorities together provided the major percent of India’s 
public electricity supply. But when their licenses expired, 
most licensees were taken over by the SEBs, in line with the 
1956 Industrial Policy Resolution. Only six of the private 
utilities originally licensed under the 1910 Electricity Act 
remained; Bombay Suburban Electric Supply (BSES) and Tata 
Electric Companies (TEC) in Bombay, Ahmedabad Electric 
Company (AEC) and Surat Electric Company in Gujrat, 
Calcutta Electric Supply Company (CESC) and Dishergarh 
Power Supply Company in West Bengal Since 1970s the 
Government of India had been actively involved in power 
development in India to complement the efforts of the states. 
The Government owns several generating companies 
including National Thermal Power Corporation (NTPC) and 
the National Hydroelectric Power Corporation (NHPC). The 
Government also owns India’s national transmission company 
and the grid operator, the Power Grid Corporation of India. 
These utilities were incorporated under the companies Act. 


The Ministry of Power (MOP) approved tariff-setting 
principles for the centrally owned entities. Tariff proposals 
were received by the Central Electricity Authority, which then 
sent them to the MOP for notification. Tariffs were 
determined on a cost of service basis and were subject to basic 
performance standards. The utilities financial viability was 
ensured to the extent that their tariff revenues covered 
operational costs, including debt service. The Government of 
India also owned and still owns two power sector financial 
intermediaries, the Power Finance Corporation and Rural 
Electrification Corporation. 

The states owned the SEBs and State Generating 
Companies, which together generate almost 70 percent of 
India’s electricity, supply and provided most of the 
distribution to consumers. The 1948 Act explicitly required 
the SEBs to operate in the most efficient and economical 
manner and mandated that they adjust their tariffs to achieve a 
minimum return, after interest, of 3 percent on net fixed assets 
in operation. The Act, however allowed a state to specify a 
higher return target for its SEB than statutory minimum return. 
Further, it specified that interest on loans from the state 
governments were to be paid by the SEBs only after meeting 
the minimum return. States were in fact required to provide 
subsidies to help the SEBs meet the minimum retum 
requirement by compensating the SEBs inter-alia for low 
tariffs to residential consumers and for using the SEBs as 
administratively convenient vehicles for agricultural input 
subsidies. For most SEBs meeting the statutory 3 percent after 
interest return would cover operating costs and debt service 
provided state government subsidies were fully paid on time 
and bill collection were reasonable. Because of their poor 
operational performance, low tariff and inadequate subsidies 
however most SEBs did not reach the Act’s statutory 
minimum returns. Their aggregate operating losses were in 
fact rising at an alarming level. Operating deficits and capital 
expenditures were financed by borrowing or from state 
budgetary resources, greatly burdening state government 
finance across India. 

In the year 1991 India reversed its long-standing policy on 
private investment in the sector. Power was removed from the 
list of activities reserved for the public sector in the Industrial 
Policy Resolution and the 1948 Act was amended to lift many 
of the regulatory disincentives to private investment in the 
power sector. These changes were fully consistent with the 
Government of India’s objective to tap the financial, technical 
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and managerial capabilities of the private sector in areas 
previously restricted to the public sector. India now allowed 
full local or foreign private ownership of power companies 
and offered a thirty-year license with the prospect of twenty- 
year renewals and increased financial returns. Provision was 
also made in the 1948 Act for private generating companies 
and captive plants to sell power to SEBs. Additional 
incentives wete introduced in the Government of India’s 
budget for fiscal 1994 reducing the import duty on power 
projects to 20 percent and offering new private power projects 
a five-year tax holiday. These changes were expected to result 
in remarkable business development activity by the private 
developers. | 

The Government of India recognized that its economic 
growth targets would be threatened as long as the country’s 
power supply constrained industrial development and 
financial losses of the power sector remained a burden on the 
public sector finances. But with this unsatisfactory state of 
affairs of the SEBs no private investor would hike to invest in 
the sector and ultimately state government would continue to 
carry the financial burden of the SEBs. At this point of time 
the Government of India imposed financial discipline on the 
SEBs through its central agencies. It also pressed the states to 
adjust their power tariffs and open the sector to private 
investment, In addition, the Government of India undertook to 
support states willing to reform their power sector. 
Consequently it was decided to reform the sector so that 
financial burden might reduce on the state government 
budgetary support and finally private sector participation 
might be expected in future. Moreover, government was also 
encouraged by the good performance of the central sector 
utilities namely Nation Therma! Power Corporation and Power 
Grid Corporation and expected that reform action would 
improve the performance of the SEBs. 

The word reform as per dictionary means improvement or 
correction of what is corrupt or defective and government 
wanted to do exactly the same. SEBs were asked to improve 

their performance without any structural change rather 
-improve their performance ın all activities. However, it was 
realized that normal reform process has three major 
drawbacks. 

(a) Most of the SEBs have grown as welfare 
organization rather than commercial organization. 

(b) All SEBs are conglomeration of three different 
activities namely generation, transmission and 
distribution. All these three activities operate through 
different technology and environment. 

(c) With the existing structure of SEB, it is not possible 
to attract any private investment. Because, SEBs as 
an organization are making losses heavily and the 
structure could not allow any private investment 
separately for generation, transmission and 
distribution system. 

But the expected improvement could not be ensured. 


APDP: The Government of India realized the fundamental 
problem of the electrical sector in India rested with 
distribution system. Abnormally high T&D losses and 


extremely poor collection efficiency were the root cause of the 
fast deterioration of the SEBs. Only 55% of total power 
generated was billed and even less, 41%, was actually paid 
for. SEBs’ average cost recovery through tariffs was only 74% 
in 1999-2000. In order to reduce these losses large investment 
was necessary enabling to augment the distribution 
infrastructure including installation of meters universally. 
Restructuring along with privatization would not be able to 
generate that much fund by which required augmentation 
could be achieved. In order to generate sufficient fund and 
ascertain the tangible improvement in the performance of the 
electricity sector in February 2000, the Government of India 
introduced a new scheme, the Accelerated Power 
Development Programme (APDP), with the objective of 
initiating a financial turnaround in the performance of the 
State owned power sector. The APDP was formulated to 
finance specific projects relating to: 

(a) Renovation and Modernization, Life extension, Up-rating of old 
thermal and hydel plants. 

(b)Up gradation & strengthening of sub-transmission and 
distribution network (below 33kV or 66kV) including energy 
accounting and metering in the distribution circles. 

In line with the APDP 63 distribution circles were identified 
for up giadation along with old power plants for renovation 
and modernization. But the financial health of SEBs did not 
improve due to historically accumulated losses. 


APDRP: In the mean time pursuant to one of the resolutions 
adopted at a meeting of the State Chief Ministers held by the 
Prime Minister in March 2001, the MoP constituted an Expert 
Group under Shn Montek Singh Ahluwalia, the then Member 
(Energy), Planning Commission, to recommend measures for 
the one-time settlement of outstanding dues of the SEBs 
towards the Central Public Sector Undertakings and suggest a 
Strategy for capital restructuring of the SEBs. Of the 
recommendations of this Group, headed subsequently by Shri 
N. K. Singh, Member (Energy), Planning Commission, the 
one-time settlement scheme had already been accepted and a 
start had been made to facilitate reform in the Union Budget 
2002-03 as the Accelerated Power Development and Reform 
Programme (APDRP). Subsequently the Union Budget 2002- 
03 had re-christened APDP as APDRP, and enhanced the 
allocation to Rs.3500 crore with the stipulation that “access of 
the States to the fund would be on the basis of agreed reform 
programmes, the center piece of which would be the 
narrowing and ultimate elimination of the gap between unit 
cost of supply and revenue realization within a specified time 
frame”. 


Electricity Act 2003: After the introduction of APDRP it 
was felt that it would only be effective if a comprehensive 
restructuring plan with specific targets within reasonable time 
frame is in place. Moreover, competitive market needs to be 
created to attract the investors. As a result Electricity Act 2003 
was enacted. The Act consolidate the laws relating to 
generation, transmission, distribution, trading and use of 
electricity and generally for taking measures conducive to 
development of electricity industry, promoting competition 
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therein, protecting interest of the consumers and supply of 
electricity to all areas, rationalization of electricity tariff, 
ensuring transparent policies regarding subsidies, promotion 
of efficient and environmentally benign policies, constitution 
of Central Electricity Authority, Regulatory Commission and 
establishment of Appellate Tribunal and for matters connected 
therewith or incidental thereto. The Act provides an enabling 
framework for accelerated and more efficient development of 
the power sector and seeks to encourage competition with 
appropriate regulatory intervention. Competition is expected 
to yield efficiency gains and in tern result in availability of 
quality supply of electricity to consumers at competitive rates. 
Eventually, no Act can cover every detail of the process and 
provide performance norms against each activity. Moreover, 
norms are also dynamic with the change of working 
environment and technology norms change. As a result after 
the change of norms or any other functional property the Act 
need to be amended, which will be a long drawn tedious 
process. To take care of any ambiguity Electricity Act 2003 
authorized the Central Government in consultation with the 
State Government to prepare National Electricity Policy and 
Tanff Policy, which can be modifies from time to time. Sub- 
section 1, 2, 3 & 4 of section 3 of the Act states The Central 
Government shall from time to time, prepare the national 
electricity policy and tariff policy, in consultation with the 
State Government and the Central Electricity Authority for 
development of power system based on optimal! utilization of 
resources such as coal, natural gas, nuclear substances or 
material, hydro and renewable sources of energy. The Central 
Government shall publish National Electricity Policy and tariff 
policy from time to time. The Central Government may, from 
time to time, in consultation with the State Government and 
Authority, review or revise, the National Electricity Policy and 
tariff policy. Accordingly the National Electricity Policy has 
been prepared and notified on 12" February 2005. Later the 
tariff policy has been notified on 6" January 2006. 

The National Electricity Policy aims at laying guidelines for 
accelerated development of the power sector, providing supply 
of electricity to all areas and protecting interests of consumers 
and other stakeholders keeping in view availability of energy 
resources, technology available to exploit these resources, 
economics of generation using different resources, and energy 
security issues. The National Electricity Policy aims at 
achieving the following objectives: 

(1) Access to Electricity: Electricity must be available for all 
households in next five years 

(2) Availability of Power: Demand must be fully met by 
2012. Energy and peaking shortages should be overcome and 
adequate spinning reserve to be available. 

(3) Must be able to supply reliable and quality power of 
specified standards in an efficient manner and at reasonable 
rates. 

(4) Per capita availability of electricity should be increased to 
over 1000 units by 2012. 

(5) Ensure minimum lifeline consumption of | 
unit/household/day as a merit good by year 2012. 

(6) Financial Turnaround and Commercial Viability of 
Electricity Sector. i 


(T) Protection of consumers’ interests. 

It is essential to prepare a plan for implementing any policy. In 
line with this concept the National Electricity Plan is being 
prepared by the Central Electricity Authority for implementing 
the National Electricity Policy. 

Introducing competition in different segments of the 
electricity industry is one of the key features of the Electricity 
Act, 2003. Competition ‘will lead to significant benefits to 
consumers through reduction in capital costs and also 
efficiency of operations. It will also facilitate the price to be 
determined competitively. The Central Government has 
already issued detailed guidelines for tariff based bidding 
process for procurement of electricity by distribution licensees 
for medium or long-term period vide gazette notification dated 
19th January 2005. All future requirement of power should be 
procured competitively by distribution licensees except in 
cases of expansion of existing projects or where there is a 
State controlled/owned company as an identified developer 
and where regulators will need to resort to tariff determination 
based on norms provided that expansion of generating 
capacity by private developers for this purpose would be 
restricted to one time addition of not more than 50% of the 
existing capacity. Even for the Public Sector projects, tariff of 
all new generation and transmission projects should be 
decided on the basis of competitive bidding after a period of 
five years or when the Regulatory Commission ts satisfied that 
the situation is ripe to introduce such competition. The real 
benefits of competition. would be available only with the 
emergence of appropriate market conditions. Shortages of 
power supply will need to be overcome. Multiple players will 
enhance the quality of service through competition. All efforts 
will need to be made to bring power industry to this situation 
as early as possible in the overall interests of consumers. 

In the Electricity Act 2003 open access system has been 
made mandatory. It is a radical diversion from the 
conventional method of encouraging competition among the 
private players. In a conventional system more than one player 
are given franchise for a specific area and due to competition 
every one needs to improve their performance to remain in the 
business. However, transmission and distribution bear a 
natural monopoly, therefore this type of competition really 
cannot optimize the benefits. Open access in transmission has 
been introduced to promote competition amongst the 
generating companies who can now sell to different 
distribution licensees across the country. This should lead to 
availability of cheaper power. The ‘Act mandates non- 
discriminatory open access in transmission from the very 
beginning. When open access to distribution network is 
introduced by the respective State Commission enabling bulk 
consumers to buy directly from competing generators, 
competition in the market would increase the availability of 
cheaper and reliable power supply. Nevertheless, Electricity 
Act 2003 has not rejected the conventional approach of 
encouraging competition. It allows distribution licensees to 
take up generation and generating companies to take up 
distribution. Section 7 of the Act states “Any generating 
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company may establish, operate and maintain a generating 
station without obtaming a license under this Act if it 
complies with the technical standards relating to connectivity 
with the grid referred to in clause (b) of section 73.” 
Consequently a generating company may apply for a license to 
distribute electricity as a distribution licensee in accordance 
with section 14 (b). Similarly a distribution licensee may take 
up gencration since no license is necessary to undertake 
generation. Moreover, the Act has also allowed any number of 
distributing licensees to take up distribution of electricity in 
the same area. One of the provision of section 14 states 
“Provided also that the Appropriate Commission may grant a 
license to two or more person for distribution of electricity 
through their own distribution system within the same area, 
subject to the conditions that the applicant for grant of license 
within the same area shall, without prejudice to the other 
conditions or requirements under this Act, comply with the 
additional requirements (including the capital adequacy, 
credit-worthiness or code of conduct) as may be prescribed by 
the Central Government and no such applicant who complies 
with all the requirements for grant of license, shall be refused 
grant of license on the ground that there already exists a 
licensee in the same area for the same purpose.” l 

Open access system if properly implemented may improve 
the performance of electrical sector to a great extent through 
healthy competition. However, the concept is new thus it 
requires many clarifications. A few of them are discussed 
here. Under the open access regulations, there is an urgent 
need to determine the transmission, charges, wheeling charges 
and surcharge in order to implement the said regulation. It has 
been proposed that transmission charges should be calculated 
on postage stamp system either on per unit basis or on per 
MW basis. In postage stamp system charges are uniform 
irrespective of the distance, that means for a [00-meter 
distance and 500 KM distance charges are same. Many 
experts opined that the methodology for determination of 
transmission wheeling charges and surcharges should take into 
account the capacity available in the system, nature of 
consumers, consumers who leave the grid and the new 
consumers who join the grid. It is suggested that transmission 
charges should be determined on MW basis, since energy 
based transmission charge may result in under-recording / over 
recovery of costs and also that the short term open access 
customers may block the transmission path for others without 
paying any charges. It was further stated that for calculating 
transmission charges on MW basis, available capacity should 
be considered as against the installed capacity. Indian Wind 
Power Association ((WPA) has suggested postage stamp 
methodology for determination of transmission charges. 
However for wind projects relaxation in methodology may be 
considered wherein the charges may be computed in both 
distance sensitive and distance neutral methodologies and 
least cost shall be arrived at based on these methods. It has 
also been proposed that transmission charges be based on 
combination of distance sensitive slabs in steps of 25 KM/50 


KM with postage stamp based charges in a particular slab. 
Another group has suggested distance sensitive method should 
be adopted for transmission charges. 


Concerning the transmission losses it has been stated open 
access customer should justifiably bear the proportionate cost 
of the transmission loss and also compensate the incremental 
transmission loss. It has been farther stated that in the present 
practice, the annual cost of transmission is divided by the unit 
sold to the ESCOMs, which incidentally covers transmission 
loss also. It is difficult to determine the incremental line loss, 
as it is dependant on the location of consumer, location of 
supplier, hours of usage and season. Hence it is advisable to 
charge on per unit costs basis for open access customers also 
as is being followed now. 
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Utility applications of a RTDS® Simulator 


Paul Forsyth, Rick Kuffel 


RTDS Technologies Inc., Canada 


Abstract— The RTDS Simulator is a fully digital, real time 
power system simulator widely used in the industry. The system 
provides continuous real time electromagnetic transient 
simulations based on the Dommel algorithm. The simulator 
hardware and software have both undergone many 
improvements since the simulator was first introduced in the 
early 1990’s, The improvements have increased the performance 
of the simulator and widened its scope of application. In 
particular, electric power utilities have used the system for 
closed-loop testing and training on controllers for HVDC, SYC 
and generators, closed-loop protective relay testing, and large 
scale real time simulation. The paper describes the simulator 
design and its utility applications in greater detail. 


L INTRODUCTION 


T Real Time Digital Simulator (RTDS®) is a fully digital, 
real time power system simulator developed at the 
Manitoba HVDC Research Centre ın the late [980’s. In 1994, 
responsibility for the RTDS Simulator was transferred to 
RTDS Technologies where it has since undergone numerous 
hardware and software developments. The simulator is now 
widely used in the electric power industry by utilities, 
equipment manufacturers and research organizations. The 
paper describes the simulator design and tits utility 
applications. 


Il. SIMULATOR DESIGN 


A. Hardware 


The RTDS Simulator hardware is based on a customized 
parallel processing architecture designed specifically to solve 
the electromagnetic transient simulation algorithm developed 
by Dr. Hermann Dommel [1]. The design is modular so that 
different size power systems can be accommodated by adding 
units, referred to as racks, to the simulator. Each rack of 
hardware includes both communication and processor cards 





linked through a common backplane. To divide a large 
network between different racks, it is split into separate 
subsystems that are solved on individual racks. Each rack has 
an InterRack Communication (IRC) card that allows 
information to be shared between the subsystems. Each rack 
also contains a Workstation InterFace (WI® card that 
synchronizes the simulation calculations and coordinates 
communication between processor cards as well as 
communication between racks. Additionally the WIF provides 
Ethernet communication to and from the graphical user 
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Figure 1: RTDS Simulator Installation 

The processor cards are responsible for calculating the 
overall network behavior. Different components are assigned 
to different processors so that their contribution to the 
subsystem response can be calculated in parallel. In general, 
there are two different types of calculations performed by the 
processors cards; the network solution (i.e. nodal analysis) and 
the auxiliary components. The network solution solves the 
node voltages and branch currents based on the network 
impedances and the contribution of the auxiliary components. 
Auxiliary components are lines, transformers, etc, that provide 
admittance matrix overlays and current injections to the 
network solution. The combined solution of the network 
solution and the auxiliary components simulates the overall 
network response. 
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Figure 2: GPC Card 


The current RTDS Simulator uses two different processor 
cards; the Triple Processor Card (3PC) and the Giga Processor 
Card (GPC). Each 3PC card contains three floating point 
Digital Signal Processors (DSP) running at 40 MHz, a 
significant increase over the original Tandem Processor Card 
(TPC) which had only two DSP’s running at 11 MHz. The 
processors can communicate directly to one another at any 
time via shared memory, without having to access the 
backplane, and can therefore be used independently or 
together to solve more complex component models. The GPC 
is the most recently developed processor card which contains 
two RISC processors running at | GHz. Due to their 
computational! power, the GPC processors are often used to 
calculate more than one component model at the same time, ' 


Starting at the concept stage, the RTDS Simulator was 
intended for testing ‘of physical protection and control 
equipment, thus making input/output (O) a primary design 
consideration. In some instances. hundreds of signals are 
passed to and from the simulator to external equipment. Great 
care was given to ensure that large amounts of I/O could be 
provided without significantly affecting the simulation 
timestep. Instead of providing a central communication link, 
the processor cards and I/O were designed to communicate 
directly with one another to minimize the communication 
time. 


The GT-I/O cards are a family of I/O developed for the GPC, 


card. The GT-I/O cards connect to the GPC via 2 GHz fiber 


optic links and provide complete optical isolation from the 
simulator. The GT-I/O cards include analogue input and 
output with 16-bit data converters as well as digital input and 
output. 


Typically the simulation timestep for real time operation of 
the RTDS Simulator is in the order of 50 us. Hard real time is 
ensured by the WIF card. If any processor cannot complete 
the calculations and I/O required within the given timestep, 
the simulation is stopped and an error message issued. The 
largest simulation ever run in real time provided a full 
electromagnetic transient representation for a network with 
over 500 three-phase buses and 90 generators. 


Special hardware, algorithms and techniques, introduced 
later in this paper, have been developed to provide a high 
degree of accuracy in representing high speed power 
electronics that typically require a response in the order of 1 


us. 


B. Software 

There are several levels of software involved with the 
RTDS Simulator. At the lower level are the component 
models (i.e. lines, transformers, generators, etc.) which have 
been optimized for real time operation. Over the years a 
comprehensive library of both power system and control 
components has been developed and refined. 


The highest level of software is the graphical user interface 
known as RSCAD. RSCAD allows simulation circuits to be 
constructed, run, operated and results to be recorded and 
documented. 


The RSCAD Draft module allows simulations to be 
constructed graphically by copying and connecting generic 
components from the library. The parameters of a particular 
component can be entered through a data menu. After the 
network has been constructed, it is compiled to create the 
simulation code required by the simulator. Once the compile 
process has been executed, the simulation can be run using 
RSCAD RunTime. 


RunTime, which operates on a PC or workstation, 
communicates back and forth with the simulator WIF cards 
via Ethernet. The bidirectional communication allows 
simulations to be downloaded and run as well as for 
simulation results to be transferred to the RunTime screen. 
The network can be operated from RunTime by changing ` 
switching states or set points. Slow moving signals such as 
power, RMS bus voltage, machine speed, etc. can be 
monitored on a continuous basis to allow transient behavior 
and state of the network to be observed. Detailed plots of 
transient events, with a resolution as high as every timestep, 
can also be recorded by the simulator WIF cards and displayed 
in RunTime plots. 
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Figure 3; RSCAD Draft and RuaTime Screens 


TEL APPLICATIONS 


A. Closed-loop Control System Testing 


The simulator has been widely adopted for closed-loop 
‘testing of controllers for HVDC, SVC, TCSC, and FACTS 
devices. Virtually all manufacturers of power electronic 
systems use the simulator for development, dynamic 
performance, and factory performance testing. It has also 
become common practice for utilities purchasing these 
specialized systems to acquire a real time simulator. The 
simulator gives the utilities several important advantages that 
were previously not available: 

a) the facility to perform additional testing of new 
controllers 

b) the ability to more thoroughly investigate the 
impact of the new installations on the network 
considering the true controller response 

c) a chance to provide first hand training for 
personnel on the operation of the installations and 
controllers without the danger of impacting 
network operation 

d) the capability to test control modifications or 
updates before going “live” in the network 


To provide an accurate simulation of the power electronic 
schemes mentioned above, the simulator must respond faster 
than a 50 us timestep will allow.- For line commutated devices 
typically used for HVDC, SVC and TCSC, the improved 
firing algorithm is used to provide a firing pulse resolution in 
the order of 1 us [2]. Before this technique was developed, a 
firing pulse arriving during the timestep calculation would not 
fire the valve until the next timestep. Furthermore since the 
simulation and the controller ran asynchronously, the error 
observed for a constant alpha order would drift through the 
timestep. The result was a 50 ps “gitter” in the firing pulse 
which produced unrealistic harmonics and‘ limited the ability 


of the simulator to test functions that required small 
adjustments in the firing angie (e.g. SSR damping with HVDC 
and DC loop control for SVC). The improved firing algorithm 
uses a Digital Input Times Stamp (DITS) function to measure 
exactly when during the timestep the firing pulse was issued. 
The DITS information is then used by the improved firing 
algorithm to calculate a correction applied to the model in the 
following timestep. 


For force commutated schemes, often used in FACTS 
devices, a different technique is applied to provide the high 
speed simulation response required. The technique is referred 
to as the small timestep Voltage Source Converter (VSC) 
model and introduces a dual timestep approach [3]. The 
standard timestep, in the order of 50 us, is used to model the 
larger power system while a small timestep, in the order of 1-3 
us, is used to represent the VSC model. The two models are 
numerically interfaced in a manner similar to the technique 
used to interface state variable models (e.g. dqO synchronous 
machine model) to a time-domain simulation. The small 
timestep approach makes it possible to test firing pulse 
controllers for 3-level VSC’s with Pulse Width Modullation 
(PWM) frequensies up to approximately 2 kHz. These 
schemes include STATCOM, wind generators with double fed 
induction machines, force commutated HVDC, etc. 


The RTDS Simulator can also be used to test generator 
controls such as exciters, power system stabilizers, and 
governors, Commissioning time can be minimized by using 
the simulator to pre-tune the controllers and allow personnel 
to become familiar with the operation and set up of the new 
equipment, before it is activated in the network. Using the 
RTDS Simulator for this work also conserves resources since 
prime-mover energy is not required for the simulator testing. 
These tests can also be conducted onsite using a portable 
simulator. 
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B. Protective Relay Testing 


The RTDS Simulator provides the most comprehensive 
means available for testing protective relays. Both open-loop 
(i.e. COMTRADE playback) and closed-loop testing can be 
conducted, but closed-loop testing offers important 
advantages. Firstly, since closed-loop testing must be and is 
conducted in real time, less time is needed to perform a 
sequence of tests compared to using COMTRADE playback. 
Secondly. real time operation allows multiple protection 
devices to interact with the simulated network at the same 
time. Therefore it is the only means to fully test and see the 
interaction of multiple relays (e.g. double-ended twin circuit 
line protection involves the interaction of four relays). 


When conducting closed-loop protective relay testing, or for 
that matter any closed-loop testing, the RTDS Simulator acts 
as the power system. The simulator provides low level (+ 10 


Since the power system is being simulated, various faults 
can easily be applied under different network conditions to 
evaluate the performance of the protection system. The RTDS 
Simulator also has a script feature to allow a sequence of tests 
to be run automatically. 


Scripts can be created for the simulator using a combination 
of special simulator commands and C programming. Nested 
loops allow very extensive and adaptive testing to be 
conducted and documented automatically. 


Recent developments for the RTDS Simulator allow IEC 
61850 communication to test devices compliant with the new 
protocol. The GTNET, which translates the IEC 61850 
messaging for the RTDS Simulator, supports bidirectional 
binary signals (e.g. trips signals from relays as well as status 


RTDS Simulator 


SHAQ 





Vpeak) analogue outputs either directly to the device under 
test or, as is usually the case for relay testing, via amplifiers. 
These signals are proportional to the instantaneous value of 
the signal being represented (e.g. voltage, current, etc). 
Voltage and current amplifiers are used to bring the 
simulator’s low level analogue outputs up to secondary values 
normally seen by the relays in service (typical nominal values 
are 110 Vrms l- and 1 Arms or 5 Arms). The simulator also 
has output contacts so that breaker status can be provided to 
the relays at the auxiliary voltage level. With all of the regular 
inputs provided to the relays, they behave as if installed in the 
actual network. If a simulated fault is applied in the 
protection zone, the relay should trip. To close the test loop, 
the relay output contacts are connected to the simulator to 
provide trip and, if applicable, reclose signals. Both single- 
phase and three-phase tripping schemes can be tested. A basic 
set up for line protection testing is illustrated in Figure 4. 
signals to relays) as well as sampled value signals (i.e. time- 
stamped voltage and current), Through this facility the RTDS 
Simulator provides the means to become familiar with and test 
this new technology. 


C. Large Scale Real Time Simulation 


Large-scale real time simulations can also be valuable to a 
utility by providing a more detailed representation of the 
network behavior than standard transient stability simulations. 
Among other things, RTDS simulations provide a much better 
frequency response (DC to ~3 kHz), detailed representation of 
power electronic installations (as opposed to a nominal 
frequency approximation), real time feedback, and the ability 
to interconnect with physical devices. The RTDS Simulator is 
also being used by companies to provide operator training [4]. 
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Figure 4: Closed-loop Protective Relay Testing 
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IV. CONCLUSIONS 


Figures Real time digital power system simulators have 
undergone significant advancements over the last decade and 
are now widely used in the industry. With advancement and 
acceptance of the technology, more and more utilities are 
acquiring real time simulators for closed-loop protection and 
control system testing as well as for large scale real time 
simulations. 
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Modeling the Aditory System: An Interesting 
Challenge 


Christian Berger-Vachon 


University of Lyon, France 


Abstract— it is well known that hearing aids provide an interesting means to correct auditory disorders, but when we talk to eminent 
specialists of the subject, they will tell you that we are only at the carly stage of making a good correction. 

What do we know? 

A deaf person has hearing performances, which are worse than a normal hearing subject. 

Some differences have been pointed out: 

-Brain treatment, voice production and phonation, 

-Midalec ear function, 3 

-Presbyacousy, Recruitment, poor perception of weak sounds, 

-Frequency analysis, Ear filters 

-Coding strategies in language reconstruction, 


In fact, everything is open When a disorder is pointed out, technology tries to bufld up compensation; it means that there is a close 
collaboration between physicians and scientists. 

In this lecture we recall the main stages of the auditory system, some of the disorders, which are well known so far and how they have 
been corrected. Also, the main limits are indicated and how new technology tries to improve the auditory performance and how we can 
restore what is a fundamental right to everybody, the right to communicate. i 
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Pattern Recognition: A Universal Problem 
Solving Discipline - 


B.B. Chaudhuri 


Computer Vision and Pattern Recognition Unit, 
Indian Statistical Institute 
203, B T Road, Kolkata 700108, India, e-mail: bbc@isicalac.in 


J. INTRODUCTION 


ERCEPTION and Recognition are basic driving units of 

human intelligence. Man has cherished the idea of 
developing artificial intelligence so that machine can emulate 
human behavior and action. One of the earliest attempts can 
be noted in the three thousand years old Greek temples where 
the deities used to talk to the worshipers. In reality, the voice 
was that of the priest which was transmitted through hidden 
tubes upto the mouth of the deity. More serious attempts are 
noted in eighteenth century when Christian kratzenstein 
designed mechanical vowel synthesizer. This was followed by 
a more advanced work by Wolfgang Von Kempelen, 
Kempelen’s system was further improved by Charles 
Whitstone in later years. In twentieth century Homer Dudley 
developed VODER which is an electrical version of speech 
synthesiser, After the discovery of computer, most attempts 
for automatic speech synthesis were driven by it and several 
successful systems were built. 

Apart from the examples, of speech recognition, researchers 
tried to develop systems that can read the books in the manner 
done by human being. Such attempt is also an example of 
artificial intelligence. The research on character recognition by 
machine started as early as in 1870 when Carey invented 
Retina Scanner for image transmission using mosaic of Photo 
cells. On the other hand, in 1890, Nipkow invented a 
sequential scanner for television and Optical Character 
Recognition (OCR). At the very beginning of twentieth 
century, Tyurin attempted OCR as reading aid for the blind. 
In 1929, Tausheck obtained the first OCR patent in Germany. 
Dr. Shepard from Intelligent Machine Research Company 
developed a workable OCR in 1950. Another company 
Solartron Electronics Ltd. made Electronic Reading 
Automation in 1957 . Later, in 1965 IBM OCR system IBM 
1287 was exhibited in New York fair. At present, many 
systems (Scansoft Omnipage, Abby Fine-reader, Charactell 
Soft writing, Dan Ching Penpower) are available for 
automatic Optical Character Recognition. 


Among Indian Languages a few printed digit recognition 
systems have been reported , in early 1970's for Hindi , 
Bangla, Devnagari and Tami! scripts. But in late 1980’s first 
sponsored project on OCR was started in collaboration with 
C-DAC and IIT Kanpur and in middle of 1990's the first 
completed OCR systems in Bangla and Hindi were announced 
by ISI, Kolkata. Around 2001 OCR in Punjabi and Tamil were 
developed. Online and other offline handwritten character 
recognition work is now continuing at different places in 
India, 

Apart from pattern recognition, people in earlier days also 
used various tool for clustering purpose, specially in species 
determination of animals and plants. Clustering is now 
considered a major tool in pattern classification. Two other 
areas enhanced the formation of pattern recognition as new 
discipline. One is image processing, especially of pictures 
taken from space mission and need for identifying objects 
from the pictures. The other is remote sensing, employed for 
surveying earth by pictures taken by planes and satellites, 
where land covers needed to be classified. Biomedical image 
processing is another application that enriched pattern 
recognition as a discipline. 

In pattern recognition problems, the classification or 
description scheme usually employs one of the following 
approaches: statistical (or decision theoretic), syntactic (or 
structural). Statistical pattern recognition is based on statistical 
characterizations of patterns, assuming that the patterns are 
generated by a probabilistic system. Syntactical (or structural) 
pattern recognition is based on the structural interrelationships 
of non-quantitative features. A wide range of algorithms can 
be applied for pattern recognition, from very simple Bayesian 
classifiers to much more powerful neural networks, Hidden 
Marcov Model, Singular value Decomposition. 

In this lecture, I shall concentrate on different aspects of 
Pattern recognition with applications to character recognition, 
which is one of the most challenging and interesting task, 
especially for Indian scripts. 
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Il. PATTERN RECOGNITION TECHNIQUES 


There are two different types of Pattern Recognition 
approaches. One is automatic classification, where a set of 
objects or signal is classified into a few categories. Many 
recognition tasks can be converted into pattern classification 
problems. On the other hand, there may be pictorial objects 
where recognition means fitting an unknown object with a 
specific description of stored objects of known identity. 

To convert the recognition into a classification problem, 
some distinctive properties or features of the objects are at 
first measured. These measurements are represented in a 
multidimensional feature space as points. These points are 
then classified into groups by unsupervised or supervised 
manner. The unsupervised approaches fal! under the category 
of automatic clustering. In the supervised scheme, at first the 
system is trained with known examples of different classes. 
After the training is over, the system is ready for classifying 
the unknown data. 

Statistical tools have been primarily used in supervised 
classificatory systems when such a system employs some 
Statistical distribution. The training corresponds to estimating 
the parameters of the distnbution so that various discriminant 
analysis techniques can be profitably utilized. Such 
approaches are called parametric approaches. In a non 
parametric approach, some decision boundary between classes 
need be demarcated. Then any unknown sample falling within 
the boundary of a particular class is assigned to that class. 

In a parametric situation, quite often Bayes’ decision theory 
is used for classification. Suppose the feature vector x be a d- 
component vector-valued random variable and let p(x}aj) be 
the state conditional probability density function for x, with 
the probability density function for x conditioned on œj being 
the true state of nature. As before, P(jj) describe the prior 
probability that nature is in state œj. Then the posterior 
probability P (wj|x) can be computed from p(x|aj) by Bayes’ 
formula: 


PO, = As id Ea 3 0) )O) (1) 


p(x) 


For an unknown sample this posterior probability is 
computed for all classes. The sample is assigned to the class 
for which the processor probability is maximum. 

Several simplifications can be done when the sample 
features come from a known distribution e.g., Gaussian 
distribution. Specially, when the covariance matrix of the 
training samples is diagonal and equal, this leads to decision 
surfaces which are linear. In case of two class’ problem the 
discriminate function is of the form: 


g,(x)=-—(x-p)! E'(x-p,) +n P(@,) 
2 (2) 


Where u stands for mean, >, stands for covariance matrix 
and œi stands for the ith class, 

For discrete features, x can assume only one of m discrete 
values vi.....vm. In such cases the probability density function 
p(xlwj) becomes singular integrals of the form 


[pt | o, )dx 8 


must then be replaced by corresponding sums, such as 


X P(x | ,;) (4) 


where we understand that the summation is over all values of 
x in the discrete distribution. Bayes’ formula then involves 
probabilities, rather than probability densities: 


P(x|@,)P(@,) 


P(@,|x)= Pox) 


(5) 


There are certain situations, where the class labels are not very 
clear and hence the decision boundary cannot be distinctly 
drawn. If there is a continuous transition of the objects from 
class to non-class with respect to a set of features, we can call 
it a fuzzy set. Several clustering and classificatory analysis 
have been proposed with fuzzy model. Another approach of 
handling uncertainty in class label is the rough set approach. 
Here, two bounds are formed on the data with respect to a set 
of features. If these two bound sets are equal, then it represent 
a crisp set. If they are different the subset is rough. Several 
rough set based approaches are also proposed in the literature. 

For pattems that can not be represented by quantitative 
features, a different approach called syntactic approach has 
been proposed. Here, each pattern is partitioned in to a small 
number of primitives. Rules of generating the patterns using 
these primitives are generated. In the training phase, an 
unknown pattern is also segmented into such primitives and 
subject to the grammar. If the grammar accepts the particular 
combination of features as belonging to one of the classes, 
then we assume that the pattern is recognized. Otherwise it is 
rejected, 


i. IMAGE PROCESSING 


Quite often the patterns are pictorial in nature. To deal with 
such patterns, some initial preprocessing and feature 
measurement are to be done before submitting them to the 
pattern classifier. The image processing tasks involve tasks 
like image capture, enhancement and restoration, image 
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segmentation and feature selection. Various spatial and 
transform based filtering and other techniques are employed 
for enhancement and restoration. Also, different optimization 
approaches and heuristics are used for object segmentation 
from the background. 

We shall give the example of a practical system (OCR) to 
explain these tasks. The image capture in OCR is normally 
done using a flatbed scanner at an adequate scanning 
resolution (normally 300 dpi). The captured image is noise 
cleaned and enhanced. To separate the relevant information it 
is converted into a binary image, because text is represented 
mostly as black over white background. Among various 
binarization algorithms that of OTSU is one of the most 
popular. Next, each text line is separated and for each text line 
the words are segmented. Depending on the script, the 
characters need be segmented as well. 

As an example of multidimensional quantitative features we 
can subdivide a character image into several squares and 
compute normalized black pixel density in each of these 
squares. If the character is partitioned into five by five squares 
then a twenty-five dimensional feature vector is generated. 
Now, we can take say, 100 samples of each known class for 
the training of the classifier. If we take the mean vector and 
covariance matrix for each class and assume that they belong 
to normal distribution then the classification phase is 
completed. Now, for an unknown sample we can compute the 
feature vector and get posterior probability of belonging to 
each class. The maximum of these probabilities decide the 
class level. 

We can use fuzzy classifier in this case as well. The above 
25 dimensional feature vector can be used to define a fuzzy 
membership function of a sample belonging to a particular 
class. When the membership function has been defined for all 
classes we can use the system for classifying unknown 
Characters, 

Syntactic approach has also been tried on OCR problems. 
Here, each character is partitioned into smaller components 
like vertical line, convex and concave parts, loops and holes 
and region of inflection. Then a context free and context 
Sensitive stochastic grammar is trained using known samples 
for each class. Concatinative rules are also decided to generate 
and accept a character. An unknown character is accepted if 
the grammar rules are satisfied by it and it is classified as that 
character for which the acceptance is the best. 


A. Application to Indian script OCR 


The problem of Optical Character Recognition (OCR) for 
Indian script is more difficult compared to Latin scripts 
because of several reasons. First, The number of characters in 
alphabet is larger. Second, the vowels take modified shape and 
sit at difficult position with respect to the consonants, creating 
many new shapes. Third, there are more than 200 conjunct 
characters to which the vowel modifiers can also be attached. 
Thus, the number of shapes to be recognized becomes of the 
order of 1000. Fourth, the characters touch each other through 
‘matra’ or ‘shiro-rekha’ and there is a need to segment 
individual characters before sending them to recognition 
engine. Fifth, Indian languages are inflectional and 
agelutinating in nature, so post recognition error correction 


becomes a more difficult task than less inflectional languages. 
Sixth, several shapes of compound characters are undergoing 
changes over the last 50 years, making several allographs for 
each character. 

The first single font high accuracy OCR has been reported 
at ISI used some novel innovative techniques for character 
Separation and character classification. Here, the number of 
classes is reduced by looking at character parts above shiro- 
rekha separately. Also, the dots below some characters were 
recognized and removed. Removal of Shiro-rekha from 
character image easily finds the demarcation line between two 
neighboring characters. The lower zone is also detected by the 
abrupt change in crossing count during horizontal run, so that 
lower modifiers can be separated out. Thus, we have been abie 
to reduce the 1000 class problem into a 400-class problem. 
Then a binary tree classifier is initially employed to separate 
this 400 class into smaller subclasses. Stoke based shape 
features are used in the binary tree classifier. Now, for cach 
small subclass, several quantitative features are computed and 
a deterministic k-nearest neighbor classifier is designed. This 
classifier gives character output with ranking. Thus, an 
unknown charcter can have two tags according to first and 
second rank. If the word has n characters, then two tags for 
each create 2**n different strings. The strings are then fed to a 
dictionary for post-processing. We consider the strings which 
are valid words and accept the word for which the cumulative 
classifier score is highest among them. To take care of 
inflectionality problem of language a clever reverse and 
forward dictionary employed. 

In the current lecture I shall elaborate the above system with 
pictures and results. 
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